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ABSTRACT

DIGITAL GRAPHIC AUDIO EQUALIZER
by
Alberto Luis Andres

Master of Science in Engineering

Digital means are becoming common in the processing of
audio signals but they have not been as yet directly uti-
lized in home entertainment audio components due, in part,
to the fast sampling rates and large dynamic ranges re-
qulred for gobd audio reproduction, This project presents
the design of an audio graphic equalizer using digital fil-
ters and signal processing. Graphic equalizers are tradi-
tionally designed with a bank of bandpass filters spaced in
frequency by octaves or fractions of octaves. The design in
this project uses lO-bandpassAfilters with frequencies re-
lated by octaves to cover the entire audio range. The sys-
tem designed emphaslzes the application of state of the art

digital signal processing hardware to audio equipment, The

vi



signal processor AMI S2811 is used as the heart of the sys-
tem due to its fast processing speed and flexible instruc-
tion set. The speed, however, is not enough to process ten
filters in a sampling period., To solve this problem, a
scheme 1s used whereby a basic digital bandpass filter is
sampled at successively halved rates to generate all the
lower octave filters., Digital lowpass filters are inter-
posed to prevent aliasing. With this scheme, only two band-
pass and two lowpass filters need be processed per each
sampling period. The program and hardware are designed to
perform this processing and to input and output the data.
The design, which has been done for 12 bit resolution, in-
corporates gain controls to adjust the galin of each filter

so as to shape the frequency response as desired.
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CHAPTER 1

BASIS FOR THE DESIGN

1. INTRODUCTION

The objective of this project is to design an audio
graphic equalizer using digital techniques, The motivating
idea is to show the feasibllity of designing audio equlpment
traditionally produced in analog form, with the presently
available digital hardware. It is recognized that the ne-
cessary processing speeds have long been achieved in large
computers, but only recently signal processors specially
intended for audio signals have been introduced in the
market at reasonable prices. Besides the relatively high
speeds required for the processing of audio signals, there
exlsts the need for large dynamic ranges,

Present day audio components can have a dynamic range
of up to 80 or 90 dB. However, the dynamic range of the
media used (tapes and records) is typically no more than
50 or 60 dB, or somewhat better when companding schemes are
introduced, The media of the near future, instead, will of-
fer excellent dynamic ranges., For example, digitally record-
ed tapes are common place in recording studios and are now
being introduced in home equipment with adaptors for video

recofders; the digital audio disc is now in the marketplace,



All these media have resolutions of 14 to 16 bits, what
gives dynamic ranges of 84 to 96 dB using the rule of thumb
that digital processing yields about 6 dB per bit., There-
fore, audlio processing requires large number of bits at high
speeds, a combination not easy to achieve. Nevertheless,
the trend is toward digital processing of audio signals and
in the future, it may be expected that most components, such
as preamplifiers, amplifiers, equalizers, etc., will be di-
gital, with probably simpler and easier to interface designs.
It should be obvious that our design would be extreme-
- 1y costly when compared with 1ts analog counterpart, but the
purpose is to show that audio components processing signals
digitally can be made with readily available hardware. The
present trend in integration and cost reduction of digital
parts may, in the near future, make a project like this e-

conomically competitive with today's analog designs.

2. DESCRIPTION AND APPLICATIONS OF GRAPHIC EQUALIZERS

“Audio graphic equalizers are normally used in conjunc-
tion with other audio processing equipment, in order to com-
pensate for deficiencies in the acoustic environment by
shaping the overall frequency response of the audio system.

Mypically, the audio graphic equalizer consists of a
bank of bandpass filters whose frequencies are spaced to
cover the entire audio range. The audio signal is processed
through all these filters and the outputs of all of them

are then summed to reconstruct the original input. The level



of the signals at the output of the filters, or equivalent-
ly, the gain of the filters, can be adjusted with front pan-
el controls so that the user can shape the frequency res-
ponse of the system where the equalizer is installed to sult
his requirements. A typical range of adjustment is +10 dB.,
The gain controls are usually of the slide type and placed
side by side, whereby the approximate frequency response is
displayed by the position of the control knobs; hence, the
name of "graphic".

N\ The frequency spacing of the bandpass filters depends
on the sophistication of the equalizer but the ratio between
adjacent frequencies 1is always an octave or a fraction of
octave, For high quality, non—professioﬁal equalizers the
separation between frequencies is usually an octave with

10 to 11 bandpass filters used for each channel,.

3. DESIGN REQUIREMENTS AND APPROACHES

For a digital design, the idea is to use digital fil-
ters instead of their analog counterparts. There are many
advantages to this approach. Once a design has been made,
it can be easlly modifled for different frequencies by Just
changing the coefficients of the filters, Multipole, higher
order filters can be easily implemented by repeated passes
of the signals through second order filters or by intro-
ducing minor program changes. Furthermore, these features
can be made software controllable by the user giving great
flexibility in professional applications, such as 1n para-

metric equalizers.



In designing real time signal processors, such as gra-
phic equalizers, one of the major difficulties encountered
is the need for very fast arithmetic processing. A second
order digital filter implementation may require 5 multiplic-
ations and 4 additions, plus possibly the multiplication of
the input sample by a gain factor. In the 20 Hz-20 KHz audio
range, a sampling rate higher than 40 KHz is mandatory 1if
we are to avoid aliasing. Even though the processed audio
spectrum does not normally extends up to 20 KHz, this sam-
pling frequency may seem too low if we try to avoid highly
sophisticated hardware and antialliasing filters, In any
“event, with only 20 to 25 usec (ideally) between samples
and having to process the signal through 10 filters in that
period of time, there is no conventional microprocessor in
today's market capable of performing 50 multiplications,

40 additions and overhead instructions in those 20 to 25
usec.

~.. In the case of a graphic equalizer with octave spaced
filters, however, the frequencies and bandwidths of all the
filters are related by powers of 2., This means that the
equalizer filters are not of the constant bandwidth type
but rather of the constant percentage bandwidth,

Now, the transfer function of a digital filter is de-
fined only wilth respect to the sampling frequency through
z::eST, where T is the sampling period, z 1s the discrete
complex variable and 8 1s the continuos complex variable.

Therefore, by sampling at half the rate (3fg= 1/2T), the



center frequency, as well as the bandwidth of the filter is
halved. By processing the input to the same filter at suc-
cessively halved sampling rates, we obtain precisely what

we wanted: fllters separated by octaves and with constant
percentage bandwidth. Of course, to prevent aliasing, every
time we halve the sampling rate, the sémples have to be band
limited to one half their previous bandwidth. This is again
done with one digital lowpass filter whose cut-off frequency
is halved every time the input is sampled at successively
halved rates. The cut-off frequency of course, 1ls chosen be-
low the %fs, where g is the sampling frequency of the cor-
responding bandpass filter,

For our design we decided to use 10 filters spaced in
frequency by octaves and a sampling rate of 64 KHz. The pro-
cessing is arranged so that the highest frequency filter, the
16 KHz, processes every sample; the 8 KHz filter processes
every second sample; the 4 KHz filter, every fourth sample
and so on, The 31 Hz filter processes every 512th sample, Si-
milarly, the lowpass filter of the highest frequency (12 KHz
in our case) processes every sample; the 6 KHz, every second
sample and so on., (We will refer to 16K, 8K Hz filters,etc.,
but the filter is the same; only the sampling rate changes)

The procedure is then to pass the original signal,
which has been band limited to a frequency below 164 KHz (we
chose 21 KHz) and which has been sampled at 64 KHz, through
the 16 KHz bandpass and through the 12 KHz lowpass filters.

Although the input to the 12 KHz lowpass filter 1s still



sampled at 64 KHz, 1ts output can be sampled at 32 KHz by
discarding every second sample, since the bandwidth has been
limited to 12 KHz, 1.e., below 3f = 432 KHz = 16 KHz. If
this 1s done, that output can again be processed through the
bandpass and lowpass filters at %fs, giving outputs corres-
ponding to 8 KHz bandpass and 6 KHZ lowpass fllters respec-
tively. By continuing this process we can obtaln all the
other lower frequency filters.

Since every second sample is discarded, we can inter-
leave the processing of all the filters in a sort of time
division multiplexing fashion., In so doing, we realize that
only two filters need to be’processéd per sample. For exam-
ple, according to the procedure explained before, the 16 KHz
filter will be processed 16 times in 16 samples; the 8 KHz,
8 times; the 4 KHz, U times; the 2 KHz, 2 times and the 1
KHz, once. If we were using only these 5 bands, there would
be a total of 31 filters processed in 16 samples or 2 fil-
ters per sample. The same holds true for any number of bands.
Therefore, all we need to do is to process two bandpass fil-
ters and two lowpass filters per sample, thus reducing our
processing needs from the original 10 filters to only four.

Table 1.1 shows the sequence in which the bandpass (BPF)
and lowpass (LPF) filters must be processed to interleave
properly. In every sample, the firét BPF is always the 16 KHz
and the first LPF, the 12 KHz. Under 2nd BPF and 2nd LPF in-
put and output are the sample numbers, with a subindex, the

LPF through which the sample was processed, For example, 312



TABLE 1,1

Samp. BPF 2nd BPF|Samp. LPF 2nd LPF
No. | Processed|{ Input |freq. Processed | Input | Output
1} 16K 8K l12 32K 12K 6K l12 1g
2 | 16K LK 16 16K 12K 3K 1g 13
3 | 16K 8K 312 32K 12K 6K 312 36

4 | 16K 2K 13 8K 12K 1.5K 13 11.5

516K 8K 512 32K 12K 6K 512 56

6 | 16K LK 56 16K 12K 3K 56 53

7 |16K 8K 712 32K 12K 6K 712 76

8 | 16K 1K 11.5 4K 12K 750 11.5 1750

9|16k 8k | 91, | 32K | 12K 6K | 9, | 9
16 | 16K 500 l750 2K 12K 375 1750 1375
32 | 16K 250 1375 1K 12K 187 1375 1187
64 | 16K 125 1187 500 12K 94 1187 194
128 | 16K 62 194 250 12K L7 194 147
256 | 16K 31 147 125 12K -- 147 -
512 |16K -- - 62 12Kk == - -
768 | 16K 31 147 125 12K -- 147 -




designates the sample No. 3 after it has been processed by
the 12 KHz LPF; 13 corresponds to the sample No. 1 processed
by the 3 KHz LPF. All the frequencies in the table are in Hz.
A few things should be noted in this table. The input to

the 16 KHz BPF and 12 KHz LPF has not been indicated because
it is the same for both and it is always the input sample to
the processor, The input to the second BPF and LPF proces-
sed in each sample 1s also the same but it has been fil-
tered by a LPF as indicated by the subindices. Note that

the sequence from samplesl to 7 repeats again from samples

9 to 15; the sequence from 1 to 15 repeats from 17 to 31 and
so forth. Therefore, we have indicated only the samples
where a new filter is processed for the first time in the
first 512 samples. The whole sequence repeats every 512 sam-
ples. By looking at the subindices of the input sample to
the second BPF and LPF, we see that the 12 appears every 2
samples, the 6 every U4,the 3 every 8, etc. At the output of
the LPF, on the other hand, the 6 appears every 2 samples
but every other 1s discarded, as discussed before; the same
pattern can be observed in the other samples. As the basic
sampling frequency is 64 KHz or 4 times 16 KHz, the sampling

frequency for every second BPF is 4 times its frequency.

4, SELECTION OF THE PROCESSOR

Even with only 4 filters required, the processing
of all of them in real time is not feasible with the speed

of presently available conventional microprocessors. One



approach could be the use of high speed bit slice sections
to form a dedicated computer with adequate microprogramming.
Another pdssibility is to use the recently introduced pro-
cessors that perform the operations of parallel multiplica-
tion and addition 1in a single execution cycle. Examples of
such processors are the NEC uPD7720 and the TRW TDC1l010J,
which can multiply 16 x 16 bits and accumulate the result
in 250 nsec and 150 nsec¢, respectively.

For our project, however, we have chosen the Signal
Processing Peripheral (SPP) AMI S2811, from American Micro-
systems Inc., which has a 12-bit multiplier, but can process
16-bit input words. We chose this processor because we in-
tended to use a 12-bit analog to digital converter which can
yield an acceptable 72 dB dynamic range at a moderate price.
The AMI processor can perform the multiplication and accumu-
lation of two 1l2-bit words in 300 nsec. We found this speed
and all the convenlences offered by the architecture and
instructions set of this processor quite suitable to our re-

quirements (see Appendix for the specifications of the S2811)

5. BASIC BLOCK DIAGRAM

Figure 1.1 shows a basic block diagram of the equalizer.
At the heart of the system is the SPP processor AMI S2811
preceded by a 1l2-bit Analog to Digital converter system and
followed by a corresponding Digital to Analog converter sys-
tem. The SPP processor has a data memory in the form of a

matrix with 32 bases or rows of 8 locations each. Half of



INPUT

A/D SIGNAL PROCESSOR D/A OUTPUT
' f——=Q
CONVERTER AMI s2811 CONVERTER
I/
GAIN CONTROL
CONTROLS LOGIC
ROM2 ROM1

Figure 1.1,

Basic Block Diagram

Ot
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the 8 locations are RAM and half are ROM. We will store the
data for our bandpass and lowpass filters in these bases,
The ROM1 will keep the sequence of the filter bases in the
order they should be processed according to the pattern of
Table 1.1, The gain controls will set the gain for each
bandpass filter by addressing one of the gain coefficients
stored in ROM2 at the time the corresponding bandpass fil-
ter 1s processed., The control logic section will keep all
the portions of the equalizer system properly synchronized

and will supply the necessary control signals.



CHAPTER 2

DESIGN OF THE FILTERS

1, DIGITAL BANDPASS FILTERS

The bandpass filters to be implemented digitally in the
SPP processor AMI S2811 are of the constant percentage band-
width type, with their center frequencies spaced by octaves
from 16 KHz down to 31 Hz. As it was discussed before, a
single digital filter presented with input signals sampled
at successively halved rates will produce responses with
successively halved center frequencles and bandwidths., When
the samples are time multiplexed in the sequence explained
in Chapter 1, a bandpass filter designed for a 16 KHz center
frequency and appropriate bandwildth at a 64 KHz sampling
rate will generate an 8 KHz, half bandwidth filter when its
input is sampled at 32 KHz; a 4 KHz, quarter bandwidth when
sampled at 16 KHz, and so on,

These are exactly the desired results; octave frequency
spacing and constant percentage bandwidth. Therefore, only
one bandpass filter (BPF) needs to be implemented for the 10
bands of the equalizer, To avold aliasing, however, the sig-
nals are band limited with suitable digital lowpass filters
every time the sampling rate is halved. Again, only one di-

gital lowpass filter (LPF) need be implemented since its

12
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cut-off frequency will be halved each time the sampling rate
is halved.

The processing of BPF and LPF 1s organized as shown in
Figure 2.1? where the Gain coefficients, determined by the
settings of the front panel band-gain controls, are also
indicated.

The cut-off frequencies of the LPF have been chosen to
permit the signals of interest to pass relatively unaltered
while still allowing a reasonable roll-off toward the fold-
ing frequency (one half the sampling frequency). The first
LPF has a cut-off frequency of 12 KHz and delivers its out-
put to the 8 KHz BPF which processes signals sampled at
32 KHz., Therefore, the cut-off frequency of the LPF is well
below the folding frequency of 16 KHz. Similarly, the rest
of the LPF's have their cut-off frequencies related by oc-
taves to the 12 KHz LPF by virtue of the successively
halved sampling frequency.

Digital filters can be designed in the form of non-re-
cursive, finite impulse response (FIR) or recursive, infi-
nite impulse response (IIR) types. The latter are easier to
implement and it is the type for which the SPP S2811 is par-
ticularly suited by reason of its architecture and program-
ming capabilities. This is important due to the time limita-
tions of our processing scheme, The S2811 can process a sec-
ond order IIR filter in 1.5 usec, while a comparable per-
formance FIR filter would take much longer.

Most of the digital filter design methods use a trans-
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formation from an. analog, conventional type that has a per-
formance related in some way to the desired digital filter.
The transformation resulté in the change of a transfer func-
tion in the Laplace complex varilable 8 to another function
In the discrete complex variable 2, with both variables

being related by

z = esT

where T 1s the sampling period.

The impulse invarlance method uses the z transform of
the impulse response of the analog filter sampled at 1/T
rate. The analog filter transfer function 1s of course, the
ILaplace transform of the same impulse rgsponse..With this
method, therefore, the analog and digital filters have the
same impulse response.

Another method 1s the so called matched z transforma-
tion where the poles and zeros in the s plane are mapped di-
rectly to poles and zeros in the 2z plane. Thus, for a pole
or zero at s = —a there is a pole or zero at z = e~ 2T,

Both of these methods have the disadvantage that the
response of the resultant digital fillter can be significant
at the folding frequency if the analog filter has zeros at
frequencies higher than the folding frequency. Severe alias-
ing may result in those cases due to the periodicity of the
digital flilter response. This problem is circumvented with

the bilinear transformation that maps the s plane into the

2z plane with the relation



s = ci—:—z_-i— (2.1)
1l 4+ zT
If steady state conditions are consldered then s = jQ and
z = ed%T tnat 1s, a unit circle in the z plane, and (2.1)

- takes the form

- e-JwT
ja=ct=2= (2.2)
1 4 e-JwT

where fl and w are the analog and digital circular frequen-
cies respectively, and C 1s a posltive constant.
The above expression can be written as

o WI/2 (JWT/2 _ - JuT/2y . con 1 WT

Q= °C A
| e~ JWT/2 (eJwT/2 4 e- JWT/2) 2

or, since tanh jx = J tan x
n=c tan.“é_T. (2.3)

It is seen that the analog frequency ) is mapped into
the digital frequency W through (2.3). Thus, for w= O,
N =0 and for W=7/T (folding frequency) L—»00 . With LPF
and BPF that have zeros at infinity, the response of the co-
rresponding digital filter is then guaranteed to be O at the
folding frequency and no aliasing will occur even though the
response will be periodic with period Z‘N/T. We choose this
method of design for our digital bandpass and lowpass fil-
ters.

From the bilinear transformation of eguation (2.1) we

obtain with s = @ + jw

16



C B Py
z = +S-C+U’+JU (2.4)

C—ms C—pg - jw

It is seen that for <0, |z] <1 and viceversa. Then, the ne-
gative half of the s plane maps inslde the unit circle on
the z plane. For C= 0, |z] = 1 for all values of W and the
eqtire jWw . axis maps into the unit circle.

Due to the non-1linear nature of the bilinear transform-
ation, the typical method of design 1s to establish the
critical frequencies of the desired digital filter, calcu-
late the corresponding analog frequencies with (2.3) (pre-
warping of frequencies) and then find the tranéfer function
of an analog fllter that meets the response requirements at
the prewarped frequencies. By applying the bilinear trans-
formatlon to that transfer function, the transfer function
of the matching diglital fillter results.

| For our design, however, we shall use a different pro-
cedure starting off, somewhat arbitrarily with a standard
first order Butterworth bandpass filter and transforming it
into a digital filter with thebillnear transformation. The
reasoning behind this approach 1s that the final purpose of
the audlo equalizer 1s not to strictly separate the ten

frequency bands but rather to shape the overall frequency

response. Therefore, the responses of the filters are allow-

ed to overlap and the Q of the filter 1is used as a parameter
whose value is chosen to render a flat overall response when
the magnitudes of all the fililters are added together.

The transfer function of a first order Butterworth

17
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bandpass filter in terms of the Q and the center frequency

N is

%%SZQS

H(s)-= 5 (2.5)

s24+La.s + 0.
Q
To apply the bilinear transformation we must determine the
~constant C in (2.1). One way to do this is to select a value
such that a particular frequency of the digital filter
matches exactly a corresponding frequency of the analog fil-
ter, with the other frequencies being related by the trans-
formation of equation (2.3).
In our case, the sampling frequency is chosen to be

64 KHz. The highest frequency filter has a center frequency
of 16 KHz and we choose to match this frequency in the ana-

log and digital responses. Therefore, from (2.3)

2% (16 x 103)
2(64 x 103)

Qez 27(16 x 103)= ¢ tan

from where
= x _
C = 2. cot -E._fk
Hence, the transformatlon relation is

1 —2-1

S = e ———
‘1°].4-z‘1

Substituting in (2.5) and simplifying it results
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2) = 1—2z-2 |
) s 14 (2Q - 1)z72 (2.6)

This is the transfer function of our digital bandpass filter.

For steady state response we evaluate (2.6) on the unit cir-

cle by setting 2z = erT. Then
1 -JEUT ‘
H(wT) = = o (2.7)
2Q + 1 4 (2@ —1)e"J
The magnitude response can be found by setting
2
|#(wn)|® = BwT) H*(WT)
After some algebralc manipulations it results
8in wT-
IH(wT)I = e (2.8)

V 4Q2c032 WT 4 sin® wT

The amplitude response of the filter for a given Q°is
sketched in Figure 2.2 as a function of the normalized di-
gital frequency wT = W/fy, where fg 1s the sampling fre-
quency. The response for all the other 9 filters will be
ldentical to this one, as explained before, since for every
octave the samplling period will be multiplied by a factor
N = 2k and the frequencies will be correspondingly divided
by the same factor to yleld a constant WT.

From equation (2.8) it is recognized that ‘H&uT)l <1.
The maximum value occurs for the center frequency Wy,

where W,T = T /2 and ‘H(wT)\ = 1. To display all the fil-
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ters on the same (normalized) frequency axis we assume that
the sampling period T 1s fixed and then we multiply WwT by
N = 2K (k = 0,1,...9), or successive powers of 2 to obtain
the response of the lower frequency fillters. For example,
with k =1 (N = 2) the center frequency of the filter occurs
for W.NT = /2 or W,T = N/4, which corresponds to a de-

normalized frequency

We = 2N = ul%;- 2T (6l g 103)

or fo= 8 KHz. Similarly, with k=2 (N=4) Ww.T = ¥/8

and the center frequency 1s f, = 4 KHz, and so on. Finally,
" with k =9 (N= 512) the center frequency is f, = 31.25 Hz.
When this N factor 1s included, equation (2.8) takes now the

general form

H(MT)‘ = -i—i-n—wL-:——___— (2.9)
l IMQ cos? wNT+sin2 WNT

A few of the filters generated by varying the value of N in
equation (2.9) are sketched in Figure 2.3 in a (linear) nor-
malized frequency axis. The fllters are numbered from right
to left with k (0,1,2...) since the basic filter corresponds
to the 16 KHz frequency. It will be noted that at any nor-
malized frequency below 7/2, the total output is contribut-
ed by the response of all the fillters to the right and the
one to the left of the frequency considered. Therefore, the
total response at a frequency WjT between the kth and the

(k +1)th filter is given by (see Figure 2.3)
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k41
IH(“lT)|“'Z in 2wyt (2.10)
v 4Q,20032 2N W4T + sin2 2n wlT
n=0

For low Q the response tends to have a sinusoidal shape and
for practical purposes only the contribution of 4 or 5 fil-
ters to the right and one to the left of the given frequen-
cy need be considered.

. Now we must determine the value of Q that will make the
overall response as flat as possible. Due to the continuity
of the responses we can do this numerically by trying dif-
ferent values of Q and calculating the response at several
frequencies between the kth and the (k<4 1)th filter. We
concluded that with a value of @ = 1 the response between
two consecutive fllters based in the contribution of 5 fil-
ters to the right and one to the left is within *o.25 dB,

a quite acceptable result that 1is applicable to any pair of
filters except the first four. Table 2.1 below shows the re-
sultant ouput for 10 intermedlate frequencies normalized to
the frequency of the (k +4 1)th filter, that is, varying be-
tween 1 and 2. It can be seen that the average output is a-
bout 1.823 and that the maximum and minimum deviations are
within the range of +0.25 GB. '

For frequencies of W/2 (16 KHz) or larger only the
first filter response contributes to the output. To compen-
sate for the lower resultant output, the magnitude of this
filter is multiplied by 1.823 to bring it up to the level of

the other filters. In so doing, the total response at the
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TABLE 2.1

INormal- Total output between the k and k+ 1 Ffilters*

ized k=5 k=4 k=3 k=2 k=1
Freq. N= 32 N =16 N= 8 = 4 N= 2
1.0 1.84294 | 1.83865  1.83044 | 1.81692 | 1.81527
1.1 1.89557 | 1.89087 | 1.88194 | 1.86800 | 1.87432
1.2 1.88429 | 1.87918 | 1.86957 | 1.85548 | 1.87199
1.3 1.85386 | 1.84834 | 1.83809 | 1.82415 | 1.85289
1.4 | 1.83160 | 1.82568 | 1.81483 | 1.80138 | 1.84375
1.5 1.82528 | 1.81896 { 1.80754 | 1.79495 | 1.85106
1.6 1.83237 | 1.82566 | 1.81372 | 1.80239 | 1.87003
1.7 1.84600 | 1.83890 | 1.82649 | 1.81675 | 1.89025
1.8 1.85740 | 1.84993 | 1.83709 | 1.82962 | 1.89825
1.9 1.85750 | 1.84965 | 1.83645 | 1.83162 | 1.87977
2.0 1.83865 | 1.83044 | 1.81692 | 1.81527 | 1.82300

% The magnltude of the 16K BPF (N=2) is multiplied by 1.823

frequenciles below'“/?, where less number of filters are con-
tributing to the output, is leveled with the response at all
the other frequencies. The net effect is a uniform output
accross the bands, as shown in Table 2.1.

Figure 2.4 shows the frequency response of all the fil-
ters plotted in a log frequency scale and with the output in

dB's. The desired overall average gain is 1, but due to the
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overlapping of the filters, it results about 1.823. There-
fore, in the final implementation of the fillters the gain |
coefficientsof all of them, except the 16 KHz, are divided
by 1.823,

" With @ = 1, the final transfer function of our digital
filter becomes

1 1 — 22
H e O s N
(z) 3 1+_%LZ_2

(2.11)
which has poles at z; = (l/’-,/3)e-j N2 and
Z, ='(l/\f§)e'j “V?, and zeros at z3 =1 and z, = -1, and
it 1s therefore stable (see Figure 2.5).

The final form of the filter is shown in Figure 2.6.
The adjustable gain factors, which can be controlled from the
front panel are integrated with the 1/3 factor of equation
(2.11) to form the gain coefficient G,.

The difference equations for the nth sample are obtain-

ed by partitioning the transfer function as follows

YUz) _ ¥(z) W(z) o _L1—z°

H(z) = = = ————
(z) X(z) - w(z) x(z) n 1_,_%7.-2
w(z) _ G 1 A ¥(z) _ )
X(z) = T LR Wz = -z
from where the difference equations are
Wwn = G 1
n= Gp.Xp - =wy o (2.12)

3

In = Wn — Wp_p (2.13)
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Z PLANE

Figure 2.5 Poles and zeros of H(z) for BPF,

Gy = COMPOSED GAIN COEFFICIENT

A\

Xn * ~ Wi, Y
+J 'q
Ys \ P
/,K /
ADJUSTABLE z
GAIN FACTOR
Wn.
Z-l
bz= -% OQ“"'"
A Wi N
~J L

Figure 2,6 Implementation of BPF of eq. (2.12, 2.13)
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The lntermediate results wp,_y and w, o are lndicated in Fig-
ure 2.6, This is the form of the difference equation that

is implemented in the program for the processor AMI S2811,

Gain coefficlents

For the calculation of the galn coefficients G, we ob-
serve that 10 dB 1s equivalent to a factor of JEB. However,
we must take into account the fact that the output at a
given frequency is contributed by the response of a few fil-
ters, mostly by the first to the right, that 1s, the next
higher in frequency. We must emphasize at this point that
the purpose of the equalizer is to shape the frequency res-
ponse rather than to give an accurate output at each fre-
gquency, In practice, several adjacent BPF controls are u-
sually adjusted to shape the response, so that the result
depends on the combined effect of all of them,

To be more specific, we observe from Figure 2.3 that
a given filter, say the 2 KHz, does not contribute any out-
put at the center frequency of the higher order filter (4
KHz ). The U4 KHz BPF, on the other hand, contributes about
45% of its output to the response at 2 KHz. Therefore, the
galin control of the 2 KHz BPF affects only partlially the
overall response.

One way to improve the effect of the gain controls is
to multiply the output of the next higher order filter (&4
KHz in our example) by the same gain factor used for the

BPF being processed. If this factor is 1, as in the O dB



galn setting, nothing will change. If the gain factor is not
l, the corresponding boosting or attenuation will be rein-
forced making more effective the action of the gain control.
This multiplication is implemented in the program (see Chap-
ter 3).

In practice, when only one gain control is adjusted,
the resultant change will be 1 to 2 4B from the nominal
setting. When two or more adjacent controls are adjusted,
instead, the gains will be very close to the nominal values.
To illustrate this point if, for example, we use a setting
of -6 dB, that is, a factor of 0.5 in only one filter the
overall attenuation at the filter frequency will be

20 log0.5+(0.823).0.5 - _4.5 dB
1.823

where 1.823 is the reference output, as we know, and the
values within parenthesis are the contribution of the BPF
to the right of the one considered. If the adjacent BPF is
also set to -6 dB, then the attenuation at the filter fre-
quency will be

20 1og o.5+(o.45)0.22+ (0.2)0.54+(0.173) _ ¢ 5 45
1.823

where the values within parenthesis are again the contribu-
tion of the BPF to the right, that is, those of higher fre-
quenciles. '

The gain coefficients are then given by

(}nz--:-L—log;'l A

20
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where A is the gain setting in dB's and the factor 1/3 is
the coefficient of equation (2.11) which, as we said, was
to be Integrated with Gn,.

There 1s another fact that must be taken into consider-
ation. The SPP AMI S2811 only accepts numbers in the range
-1 to+4+1l., But for the highest setting of +10 dB, the fac-
tor is VEB which 1s larger than 1. If this factor is used,
the output of the respective BPF will be larger than 1. To
avoid this possibility, we divide all the coefficients by
VIB and to make up for the difference we give a gain of VEB
or +10 dB to the output analog lowpass filter. Now the gain
coefficient becomes

Gpretee log-1 _A
n*IAS TO° 20

For example, with A=410 dB, Gn::l/B. These numbers have to
be stored in an 8-bit wide ROM in 2's complement form. We
find that the 2's complement representation giving the min-
imum error (less than £LSB) is 00101011 equivalent to deci-
mal 0.3359. All the other coefficients are calculated in
like manner and their values are included in Table 4.2 of
Chapter 4 (page87 )along with the ROM addresses where they
are stored.

As we sald before, the 16 KHz BPF gain must be 1.823
times higher than the others to obtain a uniform response.
This is implemented in the programming of the SPP by multi-
plying the gain of all the other filters by 1/1.823, while

keeping the gain of the 16 KHz BPF at 1.
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2. DIGITAL LOWPASS FILTERS

Every digital bandpass filter, except the one for the
16 KHz band, is preceded by a digital lowpass filter that
limits the bandwidth of the sampled signal to below the
folding frequency. For example, the 8 KHz BPF that receives
the audio signal sampled at 32 KHz 1is preceded by a LPF with
a cut-off frequency of 12 KHz and sufficient attenuation at
the folding frequency of 16 KHz., The 4 KHz BPF nas a 6 KHz
LPF infront of it, and so forth. The 16 KHz BPF, on the o-
ther hand, receives the input signal sampled at 64 KHz and
band limited to 21 KHz by an analog LPF (antialiasing fil-.
ter) placed at the input of the equalizer, before the ana-
log to digital conversion.

For the design of the digital lowpass fllters we will
use again the bilinear transformation, following this time
the conventional method of deslign. The design 1s carried
out for the first LPF with a cut-off frequency of 12 KHz
and all the others are obtalned by successively halving the
sampling frequency, as we did with the bandpass filters
(see Figure 2.1).

The specifications we set for our basic digital LPF
are as follows:

Cut-off frequency, 12 KHz

Edge of stop band, 16 KHz

Attenuation in the stop band, > 30 dB

Ripple 1in the passband, < 0.5 dB

First, we normalize the digital frequencies to the sampling



frequency fg= 64 KHz. Then

. 2T (12 x 103)_ 3
Digital cut-off freq. W,.T = , ==
© (64 x 103) 8

Edge of stop band W T = 2% (16 x 103)

X
(64 x 103) 2

By applying the bilinear transformation of equation (2.3)

we obtain the corresponding prewarped analog frequencies

N, =C tan %.721 (2.14)
Qg =C¢C tan_‘l_g (2.15)

The resultant (prewarped) analog transition ratio is

tan L
r— QS: L __ 1,4966

. tan}%

Hence, we must find an analog filter with a transition

ratio of 1.,4966, an attenuation in the stop band of more

than 30 dB and a maximum ripple in the passband of 0.5 dB.

From a handbook of filter design tables (Reference 8, p.66)

we find that our specifications are met by a fourth order

elliptic filter with a transition ratio of 1.4945, stopband
attenuation of 33.5 dB and passband ripple of 0.28 dB. This

filter has the standard factored form
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2 2
s2-+ Bis #+ By s2 + Dys + Dy

H(s)=K

where the values of the coefficients for the normalized

(fL.,=1 rad/sec)transfer function are

K =0.02124958 CO= 11.98287105
AO:. 2.51603207 Dg= 0.58946535
Boy= 1. 12249240 Dl =1.08608904

B, =0. 28990329

We see that this transfer function represents two cascaded
second order filters. The corresponding digital filter has

the general form

20 + 2927142572 | Co + 940922 (5,47
1+ byzel+b,y2-2 14 dyz-l4dyz-2

H(z)=K

To apply the bilinear transformation from s to z of
equation (2,1) we need to select the coefficient C, We do
this by choosing to match the normalized digital cut-off
frequency W,T= (3/8)N to the normalized analog cut-off
frequency QL,=1 rad/sec. Then

Qe=1 rad/sec=C tan¥elT—¢ tan 3 W
2 16
or C =1.4966
Using this value of C,we can insert in equation (2.16)

the expression for 8 in terms of z of equation (2.1), that
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is, the bilinear transformation, to obtain the coefficients
for H(z) in (2.17). This is facilitated by using the follow-
ing relations taken from Reference 4 , p. 174,

For the first second order section

A =Bg+ B, C +B,C?

ag= (Ag+A1C +AxC%) /A
a1 = (285~ 2A5C?)/A
a,=(Ag=A;C+A,C%)/A
by = (2B, — 2B,C?) /A

by = (Bg— By C+B,yC?) /A

In our case A;j=0 and A,=By=1, Equivalent relations can
be applied to the 2nd second order section. When th
ulations are carried out and the gain coefficient K is in-
tegrated with the z=1 coefficients, the following transfer

function results

1+ alz—li-z-2 co + clz-l—f-cOz-2

H(z) = (2.18)

1 + byz-l4byz=2 14 dyz 4 dyE7?

where the coefficients have the following values:

ag=ap =1 Co= Cn= 0.084994
a;= 0.116153 c1= 0.116448
b=-0.588662 d5-0.7HO9UT
by=0.771418 d,= 0.270239

Figure 2.7 shows the diagramatic representation of the

two second order sections. The intermediate values as well



First second order section

Second second order section
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l
l
Wn do n Yo ! Xn - Wy, Co
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N L~ ~ L~

Figure 2,7 Implementation of the 4th order LPF of eq. (2.19, 2.20)
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as the input and output are primed for the second section.
From equation (2.18) the poles of the first section
are found to be 2zj o= 0.88 Zi?O.MO, and those of the sec-
ond section z3 4= 0.52 [£44,5°, since both pair of poles
are inside the unit circle the filter is stable.
The difference equations for the nth. sample, derived
from (2.18) by the same partitioning of the transfer func-

tion used in the BPF are

First section

W o= Xp— blwn_ 1— bgwn- o

| (2.19)
In=Wn+2aiWp 3+ ¥n-2
Second section
] 1
wr.1= xltl— dlwn_l— d2“’n—2
(2.20)

1 [} 1 1

These are the forms of the equations to be implemented as
two cascaded second order sections 1in the programming of
the SPP processor S2811. All the coefficients are between

-1 and 41 and therefore no scaling is required,



3. ANALOG LOWPASS FILTERS

For the analog input (antialiasing) and output (smooth-
ing) lowpass filters our specifications can be set as fol-
lows. In order to have a reasonable roll-off we will choose
a cut-off frequency of about 20 KHz and an attenuation of
about 30 dB at the folding frequency of 32 KHz, The ration-
ale for these cholices is that our input signal is bandlimit-
ed below 20 KHz first, because the spectral content of the
musical material has inherently very little energy beyond
15 KHz and second, because the transmission media, FM broad-
casting, records and tapes have bandwidths no wider than
20 KHz at best. For these reasons, the signal energy at 32
KHz is practically nil and 30 dB of attenuation at that fre-
quency and beyond is more than sufficient to prevent alias-
ing.

For the output lowpass filter the same considerations
are valid and besides the bandwidth of the output slignal is
limited to well below 32 KHz due to the response of the bi-
linear transformed bandpass filters. We therefore use the
same filter design for the analog input and output lowpass
filters. To complete our specifications we define a maximum
ripple of 0,1 dB in the passband,

The transiﬁion wldth, normalized to the cut-off fre-
quency is TW=(32 — 20)/20=0.6. From a Handbook of Active
Filters (Reference 9 ) we find that an elliptic, 4-pole low-
pass filter with 0.1 dB ripple and 30 dB attenuation in the

stopband has a transition width of 0.53. Then, we can use
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a cut-off frequency of 32 KHz/1.,53=21 KHz. From the same

handbook we obtain the transfer function of the filter

: 2
H(s)= Kl(cl/al) 82-{-&1(4)0 K2(°2/a2)L s<+ anl,
2+ byl,s+ Clhg 52+ bolps + ol

where Kl and K2 are the gains of the second order sections

and the coefficients have the following values:

a; = 2.644233 a,= 12.746572
b; 1.392323 by= 0.355395

The cut-off radian frequency is W,=2W(21 x 103). Gains are
Ki=Kp =1 for the input filter and 10‘*17 for the output filter.
For easy of tuning we choose a biquad topology for each
of the second order sections. Figure 2.8 is the schematic of
the complete filter whose component values are calculated

as follows, using the procedure of Reference 9, p. 65.

1
Ky= K2=1 for the input filter.~Kl== K2= 10* for the output
filter. All the values are the same for the input and out-
put filters, except Ry, Riy and R15' All values are in

ohms., The closest standard 1% values are indicated.

A) First second order section
Value of "C;1=Cy, selected as 470 pF
Using the values of W, and coefficients indicated above,

Ri1= 21 = 35.8K (use 36.5K) input
K.bl.clowcocll

20,1K (use 20,5K) output

36



Rip= — > =11.6K (use 11.5K)
bl.wc.Cll

1

Rine—e o= ~17.4K (use 17.8K)
137 Vet w, - Cpy

Ryg= 1 -16.1K (use 16.2K)
We+C13

Ryy= 21-®17_ 50,1k (use 51.1K) input
K.c
1 28.2K (use 28.7K) output

1 R
Ric= =—13-17.8Kk input
15= ==17. inpu
K°\/°1Jdc'012 K
_ 10K output

C
11 —_ =
C12

Resistors Rjq, Rla and R19 are calculated for lowest
DC offset as the approximate parallel value of the input

and feedback‘resistors, resulting

R19g=6.9K (use 6.8K, 5%) input
6K (use 6.2K, 5%) output

R1g=8.9K (use 9.1K, 5%) input
6.4K (use 6.2K, 5%) output

R19==8.1K (use 8.2K, 5%)



B) Second second order sectil

on
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Same values of K. The component values for the second

section are calculated as the first, using the appropriate

coefficients. The results are:

Rpq= 458K (use 464K)  input

257K (use 2
Ryp= 45.3K (use
Rp3= 14,.3K (use
R27=l6.lK (use

R,y = 163K (use

92K (use
R25==14.0K inp
7.87K out

Ro

0= 10.6K (use

104K (use

Rog =.7TK (use
5K (use

R29=;8.1K (use

61K)  output

44, 2K)
14,0K)

16.2K)

162K) input

90.9K) output

ut

put

10K, 5%)
10K, 5%)

6.8K, 5%)
5.1K, 5%)

8.2K,5%)

input

output

input

output
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Figure 2,8 Schematic of 4th order biquad elliptic LPF (LPFl, LPF2)
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The requirements for the operational amplifiers are
moderate. The input impedance should be large, at least 10
times the largest input resistor, or about 5 M. The open

loop gain at the cut-off frequency f should be at least

cs
50 times the gain of the filter, that 1s, 100 times or 40 8B
in our case and its slew rate should be at least

Vo, X 10-0 V/usec, where V, is the p-p output voltage,

in our case 5V, giving a slew rate of 0.33 V/usec.

From the many types of op amps available we chose the
National Semiconductor LF347, a quad JFET op amp with very
high input impedance (lO12 ohms ), high slew rate of 13V/usec
and open loop gain at 21 KHz in excess of 40 dB for +15V
supply. The distortion is very small, less than 0.02%, a
good feature for our application. Since we need 2 filters
or 12 op amps, 3 DIP would be sufficient for our implemen-

tation,



CHAPTER 3

SOFTWARE DESIGN

1. ARCHITECTURE AND PROGRAM FEATURES OF THE AMI S2811

The architecture and instruction set of the AMI 32811
SPP (Signal Processing Peripheral) is specially suited for
the efficient processing of digital filters at high speed.
At the clock frequency of 20 MHz, each instruction takes
300 nsec and due to the pipelined structure, only 5 instruc-
tions or 1.5 usec are required to process a secormdorder re-
cursive digital filter. In addition, two buffered serial
ports clocked independently from the main processor, permit
the input and output of data simultaneously with the pro-
gram run. There is also an 8-bit bus to allow the input and
output of data in parallel form. In all cases, the input
data is held in the Input Register (IR) and the output data
is placed in the Output Register(OR).

From the S2811 specifications sheet, it can be seen that
the memory for the data is organized in a matrix of 32 Bases
or rows, with each base having 8 locations of 16 bits each
called displacements and numbered from O to 7 as illustrated
in Figure 3.2. One half of this memory, comprising the dis-
placements O to 3 of all the bases 1s RAM and the other half

with locations 4 to 7 is mask programmable ROM. There is

4]
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also an 8-byte scratch pad RAM an of course, an instructlon
ROM capable of holding 256 programming steps.

The main memory can be accessed from two ports, label-
ed U and V and what makes thils arrangement useful 1s that
the two ports can be addressed simultaneously in one ins-
truction, as long as the respective operands are stored in
the same base. Alternatively, the scratch pad (S) can subs-
titute for the port V in any instruction.

The instruction set has two type of operations that
can be specified simutaneously in a single program step, ex-
cept for a few cases of incompatibility. The OPl type of
instruction includes all the arithmetic operations such as
APA (Add Product and Accumulator), that adds the contents of
the accumulator to the product of two multiplicands placed
at the input of the multiplier in the previous instruction,
The OP2 type oflinstruction refer to operations of loading,
such as TIRV (Transfer Input Register to V location in RAM)
or LACO (Load Accumulator in the Output Register); branching
as in JMIF (Jump if I.F. is not set) and some miscellaneous
such as DECB and INCB (Decrement and Increment the Base res-
pectively).

The instruction word format contains two fields for the
operations OPl and OP2 and a field for the operand address.
There are four addressing modes. One 1is the UV or US type,
where two operands of the same Base or one operand from the
Base (U) and one from the Scratch pad (S) are accessed at

the same time. The Base Register that points to the Base No.
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has to be set previously by inserting the desired Base No.
through the instruction LIBL (Load the Input Regilster to the
Base Register and Loop Counter) or by incrementing or decre-
menting the current Base No.

Other mode of addressing 1s the Direct Addressing
D(XX.X) where the first two digits indicate the Base and the
third, the Displacement. Only one operand can be accessed
with this mode. The third mode is the Direct Transfer DT
where a branching to a given address is specified, as in a
Jump instruction, The fourth mode is called Literal an it
Just includes an OPl operation and a data word in the ins-
truction.

A four line bus F can be used to control with external
hardware (typically a microprocessor) several different
modes of operation, such as setting the Serial Input or the
Serial Output, addressing the upper byte of a two bytes word
etc. When the SPP is not used in conjunction with a micro-
processor, as in our case, those modes can be set from the
program with the 0P2 intruction MODE.

One useful feature of the SPP S2811 is the VP register
that stores the operand from the V port specified in one
instruction and makes it avalilable in the following instruc-
tion with the command TVPV (Transfer contents of the VP re-
gister to V location in RAM) or TVIB (the same but incre-
menting the Base at the same time). This feature implements
in software the z=1 delays of the digital filters.

It should be noted ﬁhat the specified U and V (or S)
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memory locations are placed at the input of the Multiplier
during the same instruction, but the product is available
in the following instruction. This product can be added to
or substracted from the contents of the accumulator,

Besides the parallel bus and the serial input and out-
put ports, the 828117has an active LOW RST input that clears
all the registers, including the Base (not the RAM) and
starts the program execution at the first instruction; an
Interrupt Request (fﬁ@) output that goes LOW upon the execu-
tion of the instruction JMIF, that 1s, Jjump if the Input
Flag (IF) is not set, indicating that no input of data has
taken place, and an Interface Enable (IE) input to enable
the parallel bus. The fﬁ@ output can also be set with the

instruction JMOF, i.e., jump if the Output Flag (OF) is set.

2. MEMORY MAPPING

The flow chart of Figure 3.1 indicates the basic steps
followed in the program. Two bandpass filters (BPF) and two
lowpass filters (LPF) are processed in every program run,
or equivalently, in every sampling period.

The memory mapping of Figure 3.2 shows how each BPF is
stored in one base with the coefficients in ROM and the in-
put sample and intermediate values in RAM. The LPF's, being
of fourth order, require two bases for storage. A few points
should be noted in the arrangement of the memory locations.

The highest frequency BPF (16 KHz) occupies the Base
No. O, followed by the highest frequency LPF (12 KHz) which
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is taking Bases Nos. 1 and 2. The rest of the filters' data
are stored In decreasing order of frequency; first one BPF
followed by the LPF which processes the same sample accord-
ing with the sequence depicted in Figure 2.1. The output of
the LPF is placed in the next Base, to be used as the input
"sample" for the next lower order BPF and LPF, This way,
only the Base No, for the BPF needs to be inputted; the
bases for the LPF are accessed by incrementing the Base No,
with the instruction INCB.

Refering to the memory mapping of Figure 3.2 and the
comments in the program, the notation X, indicates the sam-
plé received from the Serial Input port which is always
stored in location (00.0). The notation xﬁ denotes the sam-
ple after being filtered by the kth. LPF, that is, the out-
put of that LPF. Other notations correspond to the nomen-
clature used in the respective difference equations of Chap-
ter 2,

Due to limitations in the RAM space, the output of each

BPF, such as y%6K is stored in the next lower Base and since

it has to be saved for the next program run it becomes y%?%,
as noted, The sum of all the BPF outputs, Z,s, is stored in
location Q of the scratch pad memory (not shown in Figure
3.2). This sum, which constitutes the output of the audio
equalizer after the D/A conversion, is updated after the
processing of each BPF by adding to 1t the current output
of the BPF and substracting the previous one, That is why

those outputs must be saved in each program run.
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Base

No

0

2l

25

26

27

Filter

16 KHz
BPF

12 KHz
LPF

12 KHz
LPF
8 KHZ
BPF

6 KHz
LPF

6 KHz
LPF

L, XHz

BPF

62.5Hz
BPF

L7 Hz
LPF

47 Hz
LPF

31 Hz
BPH

b7

Displacement
o 1 =2 3 4 5 6 1
Xn G16K wWn-1 W2 _ 1/3 1
n-1
16K
Yn-1 | Wn-1| Wp.o 1 al -b; ~by
Wh-1 Wﬁ_ 2 Co cy "'dl —d2
x2K Gg§1 n-1|%n-21-1/3] 1 K
Gn'1 yixl "n-1|¥n-2| 1 ay | b1 | -b2
Wpol| "n-2| % | ©1 | -91 | -d2
6K
Xn Gﬁfl Wno1| Waoo!| -1/3] 1 K
! V- 12 A ,
: |
—V- 4% A
g4 | 62.5
Xn {Cpo17|Yn-1 | ¥n-2| -1/3] 2 X
32}1 Yg?i5 Wp-l{¥n-2| 1 a; | -bg; | -bp
Wnl | ¥p-2] o c; | -dy | -ds
b7 131
. Xn Gn_ 1 Wn_ 1 wn_ ol - 1/3 1 K

NOTES: xj2X denotes the sample filtered by the 12K LPF; etc.

respectively for the 8K BPF; etc. K=1/1.823

Figure 3.2,Membry mapping of SPP processor

851 denotes the output and gain factor




3. THE PROGRAM

The following pages list the program steps with some
brief comments related to the software implementation of
equations (2.12), (2.13), (2.19) and (2.20). The SPP proces-
sor instruction set allows a lot of flexibility in the de-
velopment of the program steps required to process the di-
gital filters.

This portion of the project was one of major difficul-
ties since the program had to be wrltten in the most effi-
cient way to compress in a short period of time (15,6 usec)
the processing of two 2nd order BPF and two 4th order LPF
plus the accumulation of the BPF outputs and overhead L/O
instructions. The abllity of the SPP to execute in one ins-
truction the multiplication of two operands and the accum-
ulation of the product, while the serial input and output
are operating independently, permitted to achleve . the
necessary processing speed.

The flow chart of Figure 3.1 shows 1n block form the
basic steps followed in the program, The interrelation be-
tween the program steps and the hardware operations is clar-
Vified in the Program Events timing of Figure 4.2, Chapter 4.
In fact, both, the software and hardware operatlions had to
be correlated so that the proper data is avallable at the
proper time in the proper place., Figure 4.2 helps to under-
stand the timing requirements of the relevant signals that
are later implemented in the peripheral hardware, as ex-

plained in Chapter 4.




PROGRAM
STEP LABEL OP1 OP2  OPERAND
1 DUH MODE UV(3,4)
2 AGAIN NOP JMIF DT(AGAIN)
3 APZ - TIRV Uv(0,1)
4 APA  TACV UV(-,2)
5 SVA  TVIB Uv(-,3)
6 NEG ~ TACV Uv(u,lj
7 SPA  DECB
8 SVA  TACV

US(',O)
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COMMENTS

8-bit Mode set. Base=0

Wy 0> ag(-1/3)-—-MULT.

Walts for Gn coeff, in-

put. Sets IRQ.

Wy_p.a0 —=ACC,
Gp —V(1).(Clears I.F.)

X G _1—‘-MULT.

n’ ’n

Wn = Xn. G’n_ 1+ 8.2 .Wn_ E’ACC
ACC(wn)—->V(2) .

Wn_ 1 —eVP,

Wph_p — W,=-y,— ACC.

w,_1 —V(3).Base incr,

-¥n—+Yns Yn— V(1)Base=1
1, y,_q— MULT.

l.yp-1 — y,—=ACC,

Base decremented,

Zn=2p_1~(¥pn-1- ¥, )==ACC.

z,—=S(0) (Update total)

Base= 0



OPERAND

STEP LABEL OP1 OP2
9 AVZ  INCB UV(-,0)
10 NOP NOOP UV(6,2)
11 APA  NOOP UV(T7,3)
12 APA  TACV UV(5,2)
13 APA  TVIB UV(4,3)
14 APA  NOOP UV(6,2)
15 APA  NOOP UV(7,3)
16 APA TACV UV(5,2)
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COMMENT S

Xp == ACC. (From Base 0)
Base incremented.

Starts LPF (12 KHz).

Xn"bl'wn—l-'ACC'

W= Xp-bq 'Wn-l’b?_’ )
w,—ACC.—V(2). Replaces

Wno1}$ al—» MULT.

Wn+ aj.w, 1—ACC,
wp_1—V(3)Replaces wp_o

Base incremented,

1 —
Xn =Yn=¥nta8l.Wn_3+¥n-2

Yyn—ACC. Base=2,

w},_13-d;—MULT,

f
o1 ACC,

Wp_o3-dp—MULT,

t
xn-—-dl.w

1 1
Wﬁ=xﬁ‘dl'wn—1"d2'wn—2

w}! —~ACC.—~V(2). Replaces

1 1
Wn_ l . Wn_ 1—.'VP



STEP LABEL OP1 OP2 OPERAND
17 APZ  TVPV UV(4,3)
18 APA  INCB UV(4,2)
19 APA  TACV UV(-,0)
20 NEXT NOP JMIF DT(NEXT)
21 NOP LIBL ---

22 SAME NOP JMIF DT(SAME)
23 SRI MODE UV(3,4)
24 APZ  TIRV UV(0,1)
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COMMENT S

Wy 13 C1—~MULT,

¢y .wph_ 1—ACC,
wh_1—V(3) Replaces wp.2

1
Wph_o) co-—-MULT.

C1.Wp 1+ Co.Wh_p—ACC.
Wr'l; CO-’MULTo

Base incremented.

¥y~ ACC—V(0). Base=3
Waits for next Base No.

Base No. of next BPF to

Base Reg. Clears I1.F.

Waits for Gg coeff. in-

put. Sets IRQ. Base=B

Second BPF starts.
a2; Wn_ 2""MULT
Serial Input Mode set.

wn_zoaz'_'ACCo
GX—v(1). Clears I.F,

k., pk
Xps Gp_o3——MULT.



STEP LABEL

OP1 OP2  OPERAND
25 APA  TACV UV(-,2)
26 SVA TVIB UvV(-,3)
27 NEG  TACV ©v(0,1)
28 APZ  NOOP UV(0,1)
29 SPA  DECB —
30 AVA  TACV US(-,0)
31 NOP LACO UV(1,6)
32 APZ  TACV UV(-,1)
33 AVZ  INCB UV(-,1)
34 SRO MODE UV(6,2)
35 APA  NOOP ~UV(7,3)
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COMMENTS

K -k
Wo=X,.6n_1-8p.W, 5—+ACC

acC(w,)—~Vv(2); w,_ ;—VP

Wp.2 =W, = -y — ACC

w,_1—V(3). Base incr.

-yn—.yn-—»V(l).BaseIB-s‘-l

ekl y —-MULT.
K
Gp .Y, 4 — ACC.
k+1,
GATI5 ¥, — MULT,
k+1 k+l
Yn- Gn- 1—Yn-1- Gn- 1—-vACC

Base decr.

k+1 k+1
Zn=72n.1% Ynfn-1-In- 1~Gn— 1
z,~~ACC—~3(0). Base=B

z_. —»0OR

N GK; K—MULT.

GE. K — ACC.— V(1)

xg ~» ACC, Base incr.

Base = B+1l.SRO Mode set

k
Xn— bl .wn_ 1——- ACC,

W 53=b,—= MULT.



STEP LABEL OP1 OP2  OPERAND
36 APA  TACV UV(5,2)
37 APA TVIB UV(4,3)
38 APA  NOOP UV(6,2)
39 APA  NOOP UV(7,3)
40 APA  TACV UV(5,2)
41 APZ  TVPV UV(4,3)
2 APA  INCB UV(4,2)

b=l
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COMMENTS

k
Wn=Xp-bj.w, 31-bo. LA
w,— ACC.—~ V(2). Replaces
Wn.1+ Wp_ 1—VP.

wn_l;al—a— MULT.

wn"‘ alown_ l—-’ACCo
Wn- ]_"’V(3)
13 w__,~MULT,

Base incremented.

J
Xm=¥n= Wntal.Wn_1+%W,_o
y,—~ACC. Base=B+2,
Wy _q3—d1—+MULT.

xpy—dy.w,_;—ACC.

Wyp_p5—dy—>MULT.

! ! 1
Wn=Xpd].Wn_1-dooW, 5

!
w. —ACC.—V(2)
!

n

w) 1-»VP, w;_7;c1—MULT,

n-1

¢q.wy,_1—~ACC,
wh1—V(3)

] .
LANPY co—’MULT.
cl°wr'l-l+ CO'W;I_E—pACC.
w3 co-=MULT.

Base incremented,
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STEP LABEL OP1 op2 OPERAND COMMENTS

43 APA  TACV UV(-,0)  yp=Cy.WHCy.W.  14Co.Wp o
yp—+ACC—V(0).Base=B+3

kel

Ly AVZ DECB UV(-,1) 6.1 —ACC. Base decr.
45 NOP DECB —_——— Base =B+2, Base decr.
46 NOP TACV UV(-,0)  GE'1-.v(0). Base=B+1

47 WAIT NOP JMIF DT(WAIT) Waits for next x_ sample

n
from SRI. IRQ not set

48 NOP TIRV D(00.0) x (next) to Base 00,

displacement O.

49 NOP  NOOP _——— Dummy instruction to be
repeated until RST pulse

restarts the program



We will now explain briefly the program events refer-

ing to

the same step numbers in the program list. Besides

the program, refer also to the memory mapping of Figure 3.2

and the difference equations (2.12), (2.13), (2.19) and

(2.20).

1.

The Base No, has been set to 0 at ﬁgi,pointing to the
16 KHz BPF that is always the first BPF to be proces-
sed. The sample from the serial input buffer has been
placed in location (00.0) at the end of the previous
program run, The DUH MODE is set so that only the up-
per half byte (8bits) of a 16 bits word is inputted
through the parallel bus . Also the multiplier (MULT)
input is set up with the address UV(3,4) that calls
the values of w,_o and ap (-1/3) thus starting the
processing of the 16 KHz BPF.

The instruction JMIF sets a waiting loop to input the
gain coefficient Gy for the 16 KHz BPF. Since the In-
put Flag (IF ) has not been set, the instruction is
executed. This sets LOW the fﬁ@ what in turn pulses
TE. The effect of these signals is to switch the par-
allel bus to input G, at the rise of IE, what sets
the IF and clears IRQ. G is then transferred to
the Input Register (IR).

The product of step 1 remained in the MULT during
step 2 because address mode DT was used. With APZ
that product 1ls added to zero and placed in the ac-

cumulator (ACC). This 1s the same as loading the ACC
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with the product. TIRV transfers G, to location V(1)
and the IF is cleared, The MULT, however, 1s set up
before with the current values of UV(0,1), which are
the sample X, and the previous value Gp-1 of Gn. This
should cause no problem since the change of Gp, when
it occurs, 1is much slower than the program speed.

L, APA adds the product to the contents of the ACC and
places the sum back in the ACC thus producing wp.

Wwp is tranferred to V(2) to replace the previous val-
ue wp-1 and this, in turn, i1s held in the VP register

5. SVA substracts V(3), that is Wn.o and the ACC content
to give -yn. TVIB transfers w,_; that was in the VP
register to V(3) to replace the previous Wn-1 and at
the same time increments the Base No. at the end of
the instruction to place y, in Base 1 in the next
instruction.Now the equation (2.13) is completed, ex-
cept for the sign,and the intermediate values have
been updated.

6. The new sample output Y, must be saved for the next
run of this BPF., The previous output sample must be
brought to the ACC to be substracted from y, and the
difference must be added to the total accumulated
output of all the filters, z,, to update it. Then,
we change sign of y, (NEG) and move it to V(1) of
Base 1 with TACV. At the same time y,_, 1s picked up
by placing it with a 1 at the input of the MULT.

7. SPA substracts the product and yp,, while the Base No.




10,

11,

12,

13.

4,
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is decremented to prepare for the initiation of the
LPF processing that requires to access again x.
The previous total output, Zn-1s 1s kept in location
O of the scratch pad,i.e. S(0). SVA substracts this
value and the accumulator what amounts to add the new
¥n and substract the previous one Yn-1» as desired.
The result is placed back in S(0).

Here the sample X, is moved to the ACC with AVZ and
the Base 1is incremented again to access the first
section of the LPF,

Refering to equations (2.19) the MULT is set up for
the second term of wy.

The product is added to xp 1n the ACC with APA. The
MULT 1s set up for the third term of w,.

APA adds the product to the ACC thus completing

the expression for w

TACV places w_. in V(2) to re-

n* n
place wp.j3 which is, in turn, transferred to the VP
register, The ACC now holds wp. The MULT 1s set up
for the second term of y, 1n equations (2.19).

APA adds the product to wp. wn_31 (from VP) is trans-
ferred to V(3) with TVIB to replace wy,_,. Wp_p 1s
placed at the input of the MULT with a 1. The Base No.
is incremented at the end of the instruction to ac-
cess the second section of the LPF,

APA adds the product to the ACC., Now the ACC holds

¥ns the output of the first section which 1s the in-

putv X, to the second section. The Base 1s now 2.



15.

16.

17.

18,

19.

20,

21.
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Referring to equatlions (2.20) the steps are now re-
peated. The MULT 1is set up for the second term of wﬁ.
APA adds the product to x) and the MULT is set up
for the third term of wﬁ.

APA adds the product to the ACC completing w/. wp is
then transferred to V(2) to replace wﬁ_l which 1is,
in turn, moved to VP, To save one step, we will now
set up the MULT first for the second term of yj.

APZ places the product in the ACC. wp 1s erased but
it has been saved in V(2). With TVPV, w)_; is trans-
ferred from VP to V(3) to replace wj,_p. The MULT is
set up for the third term of yg.

APA adds the product to the ACC. The MULT is set up
for the first term of yj, picking up from V(2) the
w, Jjust obtained in step 16. The Base No. is incre-
mented once more to access the next BPF base where
the output of the LPF, yg, will be placed as the
"sample" for the lower octave BPF and LPF,

APA adds the product to the ACC thus completing y,
and TACV places it in V(0O) of Base 3.

This is a waiting loop, such as in step 2, to input
the Base No. of the next BPF. This Base No, will be
placed in bus in the first loop (see Figure 4.2). The
Base No, is latched in the IR and the IF is set.
LIBL transfers the contents of the IR to the Base re-
gister and the IF is cleared. Base No. 1s now some

number B according to the sequence in Base No. ROM,



22,

23.

24,

25,
26,
27.

28,

29.

30.

29

This 1s another walting loop to input the gain coef-
ficient Gg for the kth BPF to be processed.

The SRI (serial input) MODE is set. This enables the
Serial Input port to accept the sample from the ADC,
The MULT 1is set up for the values of wy,_ o and ap thus
starting the processing of a second BPF, as it was
done for the first BPF in step 1.

Same as step 3 for the first BPF . Now xg represents
the "sample" for the kth BPF, Gﬁ is loaded to V(1).
Same as step 4,

Same as step 5.

Same as step 6 but the MULT is not set up for y, 5
and 1 as in step 6, but for Vo1 and Gﬁf% which is
the gain coefficient of the next lower octave BPF,
This coefficient is brought up to this base in ins-
tructions U44-46, This instruction and the two follow-
ing implement the correction of the response mention-
ed under Gain Coefficients.

APZ places the product in the ACC and the MULT is set
up to make the same multiplication as in step 27,
this time with the current BPF output y,.

The two products are substracted with SPA and the
Base is decremented to access again the sample x% for
the processing of the LPF.

Here AVA adds the previous total output zn.1 to the

difference between the current and the previous out-

put samples to give Z,. 2Zps updated once more and fi-



3.1-

32.

33.

34,

35-43.

Ly, b5,

46,
b,

60

nal for this program run, is placed back in S(0).

The updated z, is also placed in the Output Register
(OR) to be transferred to the Serial Output port. The
MULT is set up to multiply GK by K=1/1.823, what is
done in all the BPF except the 16 KHz, as explained
before.

APZ places the product in the ACC and TACV transfers
it back to V(1),

AVZ loads the ACC with the sample xg and increments
the Base to B+l To access the LPF base,

SRO (Serial Output) MODE is set to allow the output
of z,. The MULT is set up with the second term of wy
in equation (2.19) thus starting the processing of
the 2nd LPF in the program,

Thesge instructions are identical to the 11-19 involv~
ing the processing of the LPF except for the differ-
ence in Base Nos. At the end, the output yA of the
LPF is placed in V(0) of the following Base B +3.
This will be the "sample" for the lower octave BPF
and LPF,

The Base No. is now that of the (k+l)th BPF. AVZ
loads the ACC with the galn coefficient of that BPF
and we will now move it two bases down. Then, Base
is decremented twice,

Now TACV places G%f} in V(0) for the step 27.

This is a waiting loop for the input of the next sam-

ple from the Serial Input buffer. IRQ is not set be-



48,

Lg.
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cause we are in the serial mode. This instruction is
normally not executed because SIEN fall has occurred
before and the IF is set,

TIRV transfer the sample to Base O in preparation
for the next program run.

This instruction can be repeated until the RST pulse

restarts the program.



CHAPTER 4

HARDWARE DESIGN

1. GENERAL ARCHITECTURE

Figure 4.1 shows a block diagram of the complete gra-
phic equalizer. The audio signal input is routed to an anti-
aliasing lowpass filter LPF1, This is a 4-pole, elliptic
type filter with a cut-off frequency of about 21 Khz, a
ripple of 0.1 dB and a unity gain. The filter delivers its
output to a Track and Hold amplifier (T/H) Analog Devices
type AD583 where the analog audio signal is sampled at a
rate of OHK samples per second. The sampling rate is deter-
mined by a signal generated by the control logic, which is
used as Start of Conversion (SOC) as well as Reset (RST)
pulse to synchronize all the hardware sections to the be-
ginning of the program (see Program Events Timing of Fig-
ure 4.,2). '

The sampled audio signal is converted to digital form
in the 12-bit A/D Converter, Data Device Corp. type
ADH-8585 and the resultant digitized signal is serially
clocked into the Serial Input (SRI) of the SPP processor
AMI S2811. All the A/D conversion operations are initiated
by the SOC (same as RST) pulse but thereafter the conver-
sionbis entirely controlled by the ADC module itself, which
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generates the Clock (SICK), the Track and Hold control sig-
nal (T/H) and the Serial Input Enable (SIEN) pulses. Some
control logic is interposed between the ADC module and the
SPP processor in order to place the input data in the proper
format.

The SPP proceésor, of course, is the heart of the sys-
tem since, as explained elsewhere, all the digital filtering
operations and output totalizing, that is, the summing of
the outputs of all the filters, takes place there. The SPP's
serial input and output ports handle the input and output of
the samples simultaneously and independently of the program,
albeit in synchronism with it through the RST pulse, The
clock rate of the SPP is set by a 20 MHz crystal,

Once the input has been processed in the SPP, a new
output sample (updated sum of the outputs of all the filters)
appears at the Serial Output port (SRO) of the SPP, At a
time determined by the control logic the Serial Qutput is
enabled with the Serial Output Enable (SOEN) pulse., The
Serial Output Clock (SOCK), which is the same as Master
Clock (4.096 MHz), will then clock the output into a Shift
Register. This is required to convert the serial data into
parallel form in order to be accepted by D/A converter,

A 12-bit latch is used to hold the output sample for further
processing, Note that the latch signal is the same RST pulse |
so that the D/A converter actually processes the previous
sample,

The D/A converter, a Burr Brown type DAC-800, in com-
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bination with the Sample and Hold (S/H) amplifier, another
Analog Devices type ADS83, reétore the digitized output sam-
ple to the analog form which is then smoothed out by the
lowpass filter LPF2, a 4-pole, elliptic type filter of char-
acteristics similar to the LPFl1 filter. |

As explained before, the (RAM and ROM) of the SPP pro-
cessor is divided in 32 bases of 8 bytes each, with the co-
efficients and the intermediate results of the 10 bandpass
filters occupying 10 of those bases, respectively. As men-
tioned in Chapter 1, the processing of the bandpass fillters
must be interleaved in a given sequence, in a sort of time
division multiplexing fashion. The proper sequence of base
numbers is stored in a 1024 x 8 ROM, the ROMl. Actually, only
5-bit words are required to address the 32 bases but an
8-bit memory is used for convenience and standardization.
This ROM1 is, in turn, addressed by a modulo 1024 counter
which is advanced twice per sample, so as to address the
two bases corresponding to that sample,

To set the gain of each of the 10 filters there are 10
front panel gain controls accessible to the user. Note that
for a stereo arrangement, all the hardware should be dupli-
cated and two sets of gain controls should be provided. The
gain controls are slide switches that can be set for the
nominal gains of -10 dB to +10 dB in steps of 1 dB. The cor-
responding 21 coefficients for each of the 21 gain settings,
including 0, are stored in a 32 x 8 ROM (ROM2). The various

settings of the gain switches are encodéd with a decimal to



binary encoder and some additional logic to a 5-bit word
that addresses the ROM2 to the proper coefficient,

At the time of processing a given BPF, its base number
appears at the output of ROMl. This number may then be used
to enabie the gain control corresponding to that filter.
This 1s done by connecting in parallel all the gain control
swltches and returning thelr wipers to the output of a 1 of
10 decoder which is, in turn, addressed by the output of
ROM1. Thus, for example, if the U4 KHz BPF is being processed
the Base No. 6 (see Figure 3.2) will be present at the out-
put of ROM1 and at the input of the decoder. One output of
‘the decoder will then go LOW and since that output is con-
nected to the 4 KHz gain control, that control only will be
enabled, The setting of this control will determine what
coefficient in ROM2 will be outputted to the processor.

To input the filter base and gain coefficient data to
the SPP processor an 8-bit parallel bus (DO-D7) is used. In
order to input this data at the proper time in the program,
a Multiplexer switches the parallel bus between the outputs
of ROM1 and ROM2,

The switching command for the Multiplexer and the En-
able pulses for the parallel bus (IE) are originated in the
Control Logic section,using a software generated Interrupt
Request (IRQ) pulse to keep proper synchronism with the pro-
gram, |

Other control signals are also produced in the Control

Logic section., Here a 4.096 MHz Master Clock and a counter
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divider are combined to generate the necessary control
pulses that activate the various sections of the equalizer
in the appropriate timing relationship. A power up Master
Reset (ﬁﬁ) pulse is generated at turn on time to place all
the sections in their initial status,

The block diagram also shows the required power supply
that delivers the 45V DC and the 15V DC voltages necessary
to power the various sections of the circult., The power sup-
prly is assumed to be acquired as a separate module accord-
ing with the specifications given below and is not made a
part of this project.

It must be noted that the basic block diagram Just
described can process only one audio channel. For a stereo

equalizer, all this hardware must be duplicated.

2. ANALOG TO DIGITAL CONVERTER

The Analog to Digital converter section (see Figure
4.3) comprises a lowpass filter LPFl, a Track and Hold am-
plifier, the actual A/D Converter module and the interface
logic.

Fbr the A/D Converter module we chose a resolution of
12 bits., This resolution was considered a good compromise
between cost and performance. Although the SPP processor
can handle 16-bit serial input and output data, A/D conver-
ters with this resolution and the required speed are extrem-
ly expensive. We chose a Data Devices Corp. type ADH-8585
(see Appendix for specifications). This is a hybrid type with
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a self-contained clock and reference voltage, offering ad-
Jjustable input voltage ranges and serial output, The con-
version time is 10 usec, more than sufficient for our sam-
pling period of 15.6 usec and the linearity error is
0.012 % of FS, what in our case translates into -72 dB since
we are using bipolar ranges. These characteristics make this
ADC quite suitable for our application and eliminates the
need for additional hardware.The ADC is connected for*2,5V
bipolar range to allow enough headroom with typical inputs
of 0.5 to 1 V P-P,

In order to start the conversion in synchronism with

the program, the RST pulse from the Control Logic section

is used as SOC pulse (refer to timing diagram of Figure 4.4),

The clock output of the ADC (about 1.3 MHz) is used as
SICK and the STATUS 1s used as SIEN for the serial input
of the SPP., The timing specifications of the SPP require
that the rising and falling edges of the SIEN pulse follow
the falling edge of the clock SICK, but the timing of the
ADC 1s such that the edge of the STATUS signal follows the
rising edge of the ADC clock, as shown in Figure 4.4, One
possible solution is to delay the STATUS signal one half
clock cycle,

As depicted in the timing diagram of Figure 4.4, the
ADC produces 13 clock pulses in each conversion period, The
first clock cycle tries the Bit 1 but 1t does not produce
valid data; the Blt 1 is valid in the second cycle of the

clock, The serial input register of the SPP, on tne other
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hand, latches each bit on the falling edge of the clock SICK.
If the Serial Input were allowed to be enabled during the

first clock cycle, invalid data would be fed into the Serial
buffer register. By delaying STATUS one half clock cycle,
instead, before applying it to the SIEN input not only the
timing requirements of the SPP processor are satisfied, but
the serial input is not enabled during the first clock cy-
cle ( first falling edge of the clock). Thus, the latching
of the first, invalid bit is avoided. |

The schematics of Figure 4,3 shows how the STATUS sig-
nal is delayed by means of an edge triggered D flip-flop Dl.
This F/F is triggered by the rising edge of its clock input
so that, by clocking it with the inverted ADC clock, the
first triggering occurs one half clock cycle after SOC (see
timing diagram of Figure 4.4). At the time of Dl triggering,
the STATUS signal at its input is already HIGH and the res-
pective '1' is transferred to the Q output of D1, which is
connected to the SIEN input of the SPP, Since the STATUS
signal remains HIGH during the conversion, so does the SIEN
pulse, The last triggering of D1l occurs after the clock 13
at which time the Bit 12 is already valid and it is latched
in the SRI. The 100 to 200 nsec delay of D1 allows enough
time for the latching of Bit 12,

Another interface problem originates from the fact that
the SPP processor accepts data only in the form of compli-
mentary sign and magnitude or else complimentary two's com-

plement (CTC), while the ADC serial output in the bipolar
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mode only supplies complimentary offset binary (COB) data.
However, the COB code can be easily turned into CTC by re-
versing the first (MSB) bit. To accomplish this result we
observe from the timing diagram of Figure 4.4 that the
STATUS and SIEN (STATUS delayed) signals have different va-
lue during the first clock cycle. Using this fact and ap-
plying both signals to an exclusive OR gate (XOR1l) a pulse
is generated during the first clock cycle. If this pulse is
delayed through a second D E/F D2, triggered with the same
inverted clock used for D1, we see that a pulse is generated
only during the time that Bit 1 is valid, since previous
and subsequent D2 triggerings will find the STATUS and SIEN
signals in the same state and therefore will generate'0Q!
output from the F/F D2,

The pulse thus obtained from F/F D2 while Bit 1 is val-
id, is applied to a second exclusive OR gate (XOR2) together
with the serial data, as illustrated in Figure 4.3. The
first data bit (MSB) finds the other side of XOR2 at logic
1" and it is therefore reversed. For the rest of the data
bits stream, however, the second side of XOR2 1s at logic
10' and no inversion takes place, Thus, the COB is convert-
ed 1Into a CTC code as desired. At the end of the conversion
cycle, while the Bit 12 is valid, another pulse is generated
at the output of XOR1l since STATUS and SIEN have once again
different value at that point. To avold inverting the Bit 12
we use the STATUS signal which falls LOW before the Bit 12
is létched, to reset the E/F D2 through the Clear input CD.



Therefore, no output is produced from F/F D2 during the time
the Bit 12 is valid. Note that the STATUS signhal goes HIGH
at the start of the conversion before the F/F D2 is trigger-
ed, thus enabling that E/F on time for the reversal of the
first bit process Jjust explained,

To sample the audio analog input signal we use a Track
and Hold amplifier Analog Devices AD583, With the chosen
1,000 pF holding capacitor the acquisition time for 0.1 %
of the output is about lJusec. Since the A/D conversion time
is less than 10 usec, the total time is less than the 15.6
usec sampling period, The capacitor is a Teflon type for
minimum leakage, giving a droop of 11 uV/msec. The aperture
time of 50 nsec 1is sufficiently short to yield a steady
voltage at the time the conversion of the first bit starts.
Therefore, the STATUS signal can be conveniently used as
the Track/Hold (T/H) command.

The process of A/D conversion is initiated, as mention-
ed before, by the SOC pulse which is Jjust the RST pulse in-
verted, After 150 nsec the STATUS goes HIGH and some 50 nsec
later the T/H amplifier is holding the analog input within
0.1 % of its final value, The Bit 1 is tried at this time
and becomes valid one clock (769 nsec) later. By then SIEN
is HIGH and Bit 1 is latched at the falling edge of clock
pulse No, 2} this particular Bit had been inverted by the
XOR2 gate, The delay of the XOR gates is neglegible, The
conversion continues until Bit 12 is latched and about 100

nsec later (delay of F/F D1) SIEN falls and the contents of

T4



the serilal buffer register in the SPP processor 1s transfer-
red to the Input Register (IR) setting the Input Flag (IF)
in the SPP processor., The entire conversion process takes
slightly less than 10 usec. The T/H has nowmore than 5 usec
to settle in tracking the input signal (refer to Program
Events Timing of Figure 4.2 for the foregoing sequence of
events), The sample is held in the IR until is transferred
to the RAM portion of the memory, at Base location 00 at
the end of the program.

The lowpass filter LPFl is constructed with convention-
al operational amplifiers according to the circuit of Figure
2.8. We have chosen quad op amps National Semiconductors
LF347 for the reasons explained in Chapter 2,

The ADC, the T/H amplifier and the SPP are all TTL com-
patible, For the interface we have used, however, 4013B,
CMOS D flip-flops operated at 5V to provide some extra de-
lays and insure smooth operation. The attendant delays have
been indicated in the timing diagram of Figure 4.4, The XOR
gates are TH4LS86 to sult the driving capabilities of the
CMOS outputs. Pull-up resistors were added where necessary
to guarantee the '1' state input voltage levels demanded by

the CMOS devices,

3. DIGITAL TO ANALOG CONVERTER

The Digital to Analog Converter section comprises a
serial to parallel shift register, a 12-bit latch, the D/A
converter proper, a Sample and Hold amplifier and a lowpass

filter LPF2, The schematics is shown in Figure 4.5.
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The choice of the D/A converter module (DAC) was based
on the requirement of short settling time, ,good linearity
and low cost, We selected the Burr Brown type DAC-~-800 .(see
specifications in the Appendix). It offers settling time of
less than 2.5 usec for 0,1 % of FS range, good linearity of
1/2 LSB maximum error and it has a built-in reference volt-
age and output amplifier. For compatibility with the A/D
converter, the DAC is wired for a ItE.SV bipolar range and
consequently, accepts a complimentary offset binary code.

Since this DAC accepts only parallel inputs and the
outputs from the SPP processor 1is in serial form, a shift
register and latch is used to output the data from the SPP
and deliver it to the DAC., For the required 12-bit shift re-
gister we found convenient to use two hex D E/F type T4174
and interconnect the individuals F/F in series in order to
form the desired register.

To hold the output sample until the next sampling per-
iod, a 12-bit latch is connected between the shift register
and the DAC., For the latch we use again two T41T74's, this
time connected as a parallel-in, parallel-out register,

The serial output (SRO) port of the SPP is similar to
the serial input port. As seen in the schematics of Figure
4,5 and in the timing diagram of Figure 4.6, the Serial Out-
put Clock (SOCK) that shifts the data out of the SPP is just
the 4,096 MHz Master Clock inverted. The Serial Output En-
able (SOEN) pulse 1s formed in the Control Logic section

(refer to the Control Logic section description). This pulse
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starts 11.6 usec after the program run starts with the RST
pulse. This allows sufficient time for the processing of one
sample before the resultant output i1s ready for the D/A con-
version. The shifting of the 12 bits from the SRO output is
completed in the 12 clock cycles that SOEN is HIGH, that is
in 2.93 usec. The transfer of data from the Serial Output

is therefore completed within 14,53 usec from the start of
the program and before the end of a sampling period of

15.6 usec (refer to the chart of Figure 4.2).

The Master Clock 1s inverted before being used as SOCK
in order to satisfy the SPP requirement that the rising edge
of SOEN follows the falling edge of the clock, as shown in
Figure 4,6, Since the data is valid between rising edges of
SOCK and the Shift Register 1s clocked at the rising edges
of the uninverted clock (or falling edges of SOCK), the data

is stable at the time of shifting and no set-up or hold time

problems may develop.

The data at the input of the latch is latched at the
rise of RST. After that, stable data is available for the
D/A cpnversion which actually takes place during the next
run of the program. An inverter is interposed in the line
of the M3SB between the latch and the DAC because the output
code of the SPP is CTC and the DAC is wired for COB code.
Inverting the MSB accomplish the code change from CTC to
COB. |

The S/H amplifier 1is of the samé type used for the ADC

and a 1,000 pF holding capacltor is also used., The sample
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command is derived from the Control Légiérseéfidn and épansA
the time between clock pulses 16 to 27; therefore, the D/A
conversion runs for 3.9 usec before it is sampled.

The DAC and the S/H amplifier are both TTL compatible
so that TTL devices are use throughout.

The output of the S/H amplifier is delivered to the
equalizer output through a lowpass filter LPF2 to smooth
out the analog signal. This analog LPF2 is similar to the
input filter LPFl, the only difference belng the gain as

explained in Chapter 2.

4, BASE NUMBER ROM, GAIN CONTROLS AND GAIN COEFFICIENT ROM

Figure 4.7 is the schematic of the section comprising
the ROM1l that stores the base numbers, the Gain Controls
that adjust the gain of each bandpass filter, the ROM2 that
stores the coefficients for every gain setting and a

Multiplexer that switches the parallel bus between the ROM's.

Base Number ROM (ROM1)

The ROM1 is a 1024 x 8 bipolar ROM Signetics type
825181 but only 5 bits are used to address 10 of the 32
bases of the SPP memory., A fast ROM was selected because at
the beginning of the program there are only 700 nsec avail-
able to output a new base number, to address the ROMZ and
to output the respective gain coefficient to the SPP proces-
sor (see timing diagram of Figure 4.8). Slower memories,
such as MOS types would not have been suitable for this

purpose.
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The ROM1 is addressed by a modulo 1024 counter type
LOUOB; this is actually a 12 stage counter but only 10 are
used, The counter addresses the ROM1l locations that contain
the SPP memory Base numbers in the sequence they should be
processed according with the pattern of Table 1.1 of Chap-
ter 1. The counter, in turn, is clocked by pulses from the
Control Logic section and it 1is advanced twice during a pro;
gram length; once at the reset time by the RST pulse and
once in the pulse 16 of the Master Clock. Since the base
sequence repeats every 512 runs of the program, 1024 stor-
age locations are required. As shown in Table 4.1, the 10
possible outputs of ROMl1 or, equivalently the 10 base num-
bers addressed by ROMl are the Base Nos, 0, 3, 6, 9, 12, 15,
18, 21, 24 and 27. The two intermediate bases, used for the
processing of the digital lowpass filters are accessed
through instructions in the program,

We have used a CMOS counter for the convenience of
having the counter in a single "chip". No interface problems
are created, however, because the 823181 ROM needs only 150
uA maximum for the LOW input current, well within the driv-
lng capabilities of the counter. To insure proper HIGH
levels at the CP input which 1s driven from TTL logic, a

pull-up resistor is used at that point.

Gain Controls

To control the gain of the 10 octave bands, ten 21-po-

sition slide switches are used (see schematic of Figure 4.7).
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This provides for a center (flat) setting plus nominal 10 dB
boost and 10 dB cut in steps of 1 dB for each band,

The 10 gain swltches are connected in parallel in a 20
line bus with all the lines held HIGH with as many pull-up
resistors to the +5V supply. Notice that one of the switches
terminals is not connected. To select one of the switches,
its wiper is grounded what in turn grounds the bus line to
which the wiper is set. The selective grounding of the
switch wipers is accomplished by means of a 1 of 16 decoder
type T4154, whose input is connected to the ROM1l output and
it is therefore addressed with the base number of the BPF
being processed, According to the input code of the decoder,
one of its outputs goes LOW, Thus, by appropriately connect-
ing 10 of these ouﬁputs to the gain control wipers, the con-
trol corresponding to the BPF under process can be selected.
Only the 4 LSB of the 5 output bits of ROM1l are needed to
address the decoder, as shown in Table 4.,1. This table makes
clear the reason for choosing a 1 of 16 decoder rather than
a 1 of 10; the ten input codes span the decimals O to 15.

For each filter processed, the 20 line bus 1s set at a
state dictated by the position of the switch selected.
Therefore, the base number or equivalently, the BPF being
processed is tied to the gain coefficient selected by its
corresponding gain control.

The 21 coefficients for the 21 possible'filter gains
are stored in the ROM2, In order to address this ROM a

decimal to binary encoder type TH41lL7 is used., This encoder



TABLE 4.1
BPF ROM1 Decimal equiv. Output of
Frequency Output of 4 LSB the decoder

16 KHz 00000 0 Og

8 KHz 00011 3 O3

4 KHz 00110 6 Og

2 KHz 01001 9 O9

1 KHz 01100 12 012
500 Hz 01111 15 O35
250 Hz 10010 2 05
125 Hz 10101 5 O5

62 Hz 11000 8 Og

31 Hz 11011 11 0171

has 9 active LOW inputs and U4 complimentary binary outputs,
When one of the Iy to 19 inputs is taken LOW the respective
code is outputted. If none of the inputs is LOW, the out-
put is all 1's (complimentary O). It can be seen in Figure
4,7 that the +2 dB to +10 dB lines of the galn switches bus
are connected to the 9§ inputs of the encoder, The 41 dB

line is left unconnected and it thus corresponds to the

complimentary O output of the encoder. When the wiper of the -

selected switch is set to one of the upper +1 to +10 dB po-
sitions, a 0 to 9 complimentary BCD code is obtained from
the T4147.

For the ten lower settings from -1 to -10 dB the res-
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pective lines of the bus are connected to a 10-input NAND
gate 74133 (this has 13 inputs but 3 are not used), Since
the bus lines are pulled HIGH, the output of the NAND gate
is normally 0. When the control wiper is grounding one of
the ten lower lines, however, the NAND cutput becomes 1., The
butput of the NAND gate is used in two ways. One is to en-
able 9 tri-state gates that interconnect the lower lines to
the upper ones when the wiper is in one of the lower set-
tings. The other 1s to differentiate between the boost and
cut positions of the wipers; to this effect, the NAND output
is appended to the encoder output as a fifth bit (0 for
boost, 1 for cut).

| Table 4,2 shows the resultant output codes for the
Various gain settings, as well as the corresponding coeffi-
clents stored in ROM2, These coefficients were calculated

as explained in Chapter 2 under Bandpass Filters-Gain Coef-
ficients, For the center position we chose one of the unused
- codes, 00011, which is obtained by disabling two AND gates

placed in the A, and A3 outputs of the encoder,

Gain Coefficient ROM (ROM2) and Multiplexer

The ROM2 is a 32 x 8 bipolar ROM Signetics 8235123 used
to store the coefficients for the gain controls. The 8-bit
Multiplexer is formed with two U-bit data selectors 74157
énd is used To switch the SPP parallel bus between ROM1 and
ROME under the control of the program generated IRQ signal.'
' Figure 4,8 shows the timing relationship between the
control signals of ROMl and ROM2 and the gain controls.



TABLE 4,2

Nominal| Output of Dec, - Gain 2's complement

gain T4LU7 equiv.] coeff, coded coeff.

setting| (ROM2 addr.)

+10 00110 6 0.3359 00101011
+9 00111 T 0.2969 00100110
+8 01000 8 0.2656 00001110
+7 01001 9 0.2344 00011110
+6 01010 10 0.2109 00011011
+5 01011 11 0.1875 00011000
+ 4 01100 12 0.1640 00010101
+3 01101 13 0.1484 00010011
+2 01110 14 0.1328 00010001
+1 01111 15 0.1172 00001111
0 00011 3 0.1016 00001101
-1 11111 31 0.0938 00001100
-2 11110 30 0.0859 00001011
-3 11101 29 0.0781 00001010
-4 11100 28 0.0703 00001001
-5 11011 27 0.0625 00001000
-6 11010 26 0.0547 00000111
=7 11001 25 0.0469 00000110
-8 11000 24 0.0391 00000101
-9 10111 23 0.0313 00000100
-10 10110 22 0.0234 0000 O‘O 11
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5. CONTROL LOGIC AND TIMING

The Control Logic is required to synchronize the oper-
ation of the various sections of the equalizer circuit so
that the input and output of the proper data from the SPP
processor takes place at the proper time during the program,

The Control Logic section generates the following sig-
nals (refer to schematic of Figure 4.9 and timing diagram

of Figure 4.10):

a) A Master Clock pulse trailn at a frequency of 4,096
MHz. Since the sampling frequency is 64 KHz, there are
64 clock pulses generated per sample. This clock is
used directly to clock out the Serial Output data
(SOCK signal) and, in combination with a divider chain,
to generate a number of other control signals necessa-

ry for the operation of the equalizer.

b) A RST pulse, which is the first of the 64 clock
pulses per sample., The RST signal is used to synchro-
nize the enabling of several hardware portions to the
beginning of the program so that proper timing is main-
tained. The RST pulse must do the following:
-Clear all the registers of the SPP and start the
execution of the program at instruction No. 1.
-Start the A/D conversion (SOC pulse).
-Latch the output data from the Serial Output
port.

-Advance the count of ROM1 (Base No. ROM) counter,
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-Reset the toggle Flip Flop that switches ROM1 and
ROM2.

c) A pulse to advance the ROM1l counter a second time in
a program run. This is the clock pulse No. 16. Recall
that two BPF's are processed in each sample period;
first, the 16 KHz BPF stored in Base No. O which is
addressed automatically by the RST pulse, and second,
one BPF that varies from sample to sample and it must

therefore be determined by the output of ROMI.

d) The SOEN (Serial Output Enable) pulse that enables

the serial output port of the SPP,

e) The "Sample" pulse for the Sample and Hold ampli-

fier of the D/A converter.

f) A‘toggling signal to toggle the multiplexer that
switches eilther the ROM1 or ROM2 into the parallel Bus
of the SPP, This signal is triggered by the RST pulse
and by the fﬁQ pulse generated by the program (see

timing diagram of Figure 4.8 )

g) The IE (Interface Enable) pulse, synchronized to
the fﬁ@ pulse, and used to enable the SPP's parallel

input port.

h) A power-up Master Reset pulse to place all hardware

in initial status at turn on.

Note that all the signals to contiol the SRI (Serial
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Input port) and the A/D conversion are generated by the same

A/D converter independently from the Master Clock, as ex-

plained under "Analog to Digital Converter" above. Only the
RST pulse used as SOC (Start of Conversion) signal maintain
Athe necessary synchronization of the ADC operation with the

program,

Hardware Implementation

Most of the logic is combinatorial. Only two synchro-
nizations are needed: one for the sampling time, another for
the Base No., and Galn data input to the SPP. There are two
sections of control logic.

Section 1 1s synchronous with the sampling time but a-
synchronous with the program, except for the RST pulse which
restarts the program at each sample time . This section gen-
erates, besides the ﬁﬁT, the SOEN signal and SOCK clock for
the control of the D/A converter and Serial Ouput port, the
Sample signal for the DAC Sample and Hold amplifier and a
pulse (clock pulse No. 16) to advance the ROM1l counter.

Section 2 is synchronous with the program but asynchro-
nous with the sampling, except at Reset. The syhchronization
with the program is accomplished via the software initiated
IRQ (Interrupt Request) pulse, which in turn generates the
IE pulse that enables the parallel bus of the SPP to trans-
fer data from ROM1 or ROM2. This section also controls the

Multiplexer to feed the appropriate data at the proper time.

Since the two sections are asynchronous they can run on

different clocks; 4.096 MHz and 20 MHz (in SPP) respectively.
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Section 1l. As shown in the schematic diagram of Figure
4,9, this section is composed of the Master Clock, divider
and combilnatorial logic to generate the appropriate pulses.

The Master Clock is simply made of (2) NOR gates G; and
Go, connected as inverters, with a 4.096 MHz crystal to in-
sure stable clock frequency. Capacitor Co is used to adjust
slightly the frequency.

The clock output is divided by a modulo 64 counter,
formed with (2) 74161 synchronous counters (two outputs are
not used). A synchronous counter was chosen to avoid or min-
imize the decoding spikes that would have been produced if a
ripple counter had beén used. From the timing diagram of
Figure 4.101t can be seen how the outputs of the divider are
combined to generate the required pulses. The propagation
delays have been ignored in the diagram because they are a-
bout the same for all the signals due to the synchrohous na-
ture of the counter., The delays are also small (less than
20 nsec typically) compared with the clock cycle of 244 nsec,

The combination logic is almost self-explanatory. For
example, the clock pulse No. 16 for the ROMl1l counter is sep-
arated with the combination Q5.Qy.Q3.Q,.Q;.Qp.Clk. The SOEN
pulse 1s HIGH during the time between clock cycles 48 to 59.
The proper combination is, ftherefore, Q5.Q4.(QET§§). Simi-
larly, the S/H pulse for the D/A conversion is LOW during

the time between clock cycles 16 to 27. Hence, it is formed

with the combination Q%.Qq.(Qg.Q3). The various output sig-

nals are distributed to the appropriate points in the cir-



culit (refer to block diagram of Figure 4.1). The application
of these signals is explained under the respective sections

of hardware (see previous sections of this Chapter).

Section 2., The signals from thls section are used to
control the parallel data input to the SPP processor S2811.
This data consist of the Base Nos. of the SPP's memory where
the data for the BPF's is stored and the Gain coefficients
corresponding to the BPF belng processed. As explained be-
fore, the Base Nos. are stored in ROMl1l in the proper se-
quence (see Figure 2,1) and the Gain coefficients are stored
in ROM2. The data from these two ROM's must be inserted at
precise points in the program, as shown in the Program Event
timing of Figure 4.2, |

In the typical use of the SPP S2811, a host micropro-
cessor would be used to synchronize the exchange of data via
the parallel bus. In our stand-alone application, however,
we can use the fﬁa'pulse to insured the required synchro-
nism due to the fact that the parallel data goes only one
ways: it is always written into the SPP, The Tﬁﬁ output of
the SPP is set LOW upon the execution of the instruction
JMIF during the program run. As shown in Figure 4.9, this
fﬁ@ transition is used for two purposes, One is to toggle
the JK Flip Flop 7473 whose output switches the Multiplexer
TH157 x 2 between ROM1l and ROM2, The other 1s to trigger a
monostable multivibrator 74121 that generates the IE (Inter-
face Enable) pulse. The IE input to the SPP must be set LOW

to enable the parallel bus input; the data on this bus is
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latched on the LOW to HIGH transition of IE which also re-
sets the IRQ to the HIGH state.

With reference to the timing diagram of Figure 4.8 and
the schematic diagram of Figure 4.9, the RST pulse first
forces LOW the Q output of toggle 7473, thus switching the
Multiplexer to ROMl. The Base No. O must be in bus at this
time, but is not necessary to input it since the RST pulse
automatically sets the Base register to 0. The toggling
through RST is, however, necessary because there are three
IRQ's generated during the program and the RST must complete
the required even number of toggles. Thereafter, every time
the IRQ goes LOW the F/F T473 toggles, the Multiplexer
switches ROM's placing the appropriate data in the parallel
bus and a pulse of about 140 nsec (the IE pulse) is gener-
ated by the monostable 74121. At the rising edge of this IE
pulse, the data in bus is latched into the SPP buffer and
the IRQ goes HIGH again.

This whole sequence is repeated three times during a
program run, The first time, thebus is multiplexed to ROM2
and the Gain coefficient for the first filter to be process-
ed (which is always the 16 KHz filter) is inputted. The sec-
ond time, the Multliplexer is switched to ROM1 and a Base No.
other than O is latchedat the rise of IE to address the sec-
ond BPF to be processed. Note that the ROM1 address, that is
the Counter 4040B, had been advanced to another Base No.
with the clock pulse No. 16 some time between the first and

second IRQ. The third IRQ brings to the SPP the Gain coeffi-



cient for the BPF corresponding to the Base previously in-
putted.

The output of ROM1l addresses the ROM2 via the Band Gain
switches and gain level encoder, as explained in Section 4
of this Chapter. The respective timing diagram 1s shown in
Figure 4., where the propagation delays for all the above
operations have been indicated. In all cases, stable data
is available in bus at the rising edge of IE, when that data
1s latched into the SPP,

ROM1 Counter Control

We have seen that the ROM1l contains the SPP's memory
Base Nos., or equivalently the BPF's, In the sequence they
should be processed for proper time interleaving. The syn-
chronism of the ROM1 address counter wilth the program is ac-
complished through the use of the RST pulse. Since two BPF's
are processed per sampling period, the counter is advanced
twice per sample, The first time, the RST pulse advances the
counter to an address containing the Base No. 0. The second
time, the clock pulse No. 16 sets the counter to address a
Base other than 0, In both cases, the output of ROMl 1s used
to address the gailn coefficient for the setting of the res-
pective BPF gain control, that 1s, for the BPF whose Base No,
is in the bus,

From the foregoing, it 1s seen that there is a one to
one correspondence between the Base No, of one BPF and the
coefficient for the setting of its gain control and that all

the synchronism with the program is in the ROM1 counter. In
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other words, if the counter operates in the proper sequence
the proper Base will be addressed in ROM1 and fed to the SPP
at the proper time. Since the Base No. (output of ROM1) se-
lects the Gain control, the right Galn control will be en-
abled and since the Gain control interfaces with the gain
coefficient ROM2 the approprlate coefficient will be out-

putted, Now, the RST pulse that advances once the counter,

also starts the program run, starté the A/D conversion and
enables the output of ROM2 through the IRQ toggle at the
beginning of the program., Therefore, if the counter keeps
the proper sequence, anything else going wrong, such as IRQ
not toggling or other errors will affect only one sample;
everything will be reset at the end of the program length.
If, however, the counter Jjumps one count and starts
addressing the Base No. O (16 KHz BPF) when it should have
been addressing some other Base (8 KHz, 4 KHz, etc. BPF),
the synchronism between the program and the Base No, will be
lost. Thus, means should be provided to restore the proper
sequence of Base Nos., for otherwise the wrong sequence would
contlinue indefinitely. This 1s easily accomplished because
the program always starts with Base No. O and therefore that
Base is addressed every other count of the counter. Note,
incidentally, that if the counter jumps two counts the prop-
er sequence will not be lost. The RST pulse always advances
the counter to Base No. O and the clock pulse No. 16, to a
Base other than O, Therefore, in order to keep the proper

sequence, the RST pulse should advance the counter only if
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the ROM1 output (Base No.) is not O and the clock pulse No.
16 should advance the counter only if the ROM1 output is 0.
This feature has been implemented with gates G;o through Gi6
(see Figure 4.9). The reference for the 0 output from ROM1L
is taken from three outputs which are all 0 only when the
whole output is O (there are many choices). The three lines
used correspond to the binary weights 20, 21 and 23. It can
be seen that gate G13 that receives the élock pulse No. 16,
is enabled only when those three lines are at binary 0. Si-
milarly, gate Gip that gets the RST pulse, is enabled only
when at least one of the three output lines is not at O.
This arrangement also helps for initialization, since at
power turn-on the RST pulse should start the program but

should not advance the counter which will be then at O.

Power supply requirements

Power supplies of +5V and 115V are required for the e-

qualizer. The currents for one channel are as follows:

SPP Processor 240 mA @ +5V
LF347 op amps (3) 22 mA @ £15V
ADC and DAC 57T mA @ +5V 45 mA @ X15V
S/H amplifiers (2) 10 mA @ ¥15V
ROM's 825123 and 825181 202 mA @ 45V
All TTL IC's : 720 mA @ +5V
All CMOS IC's 0.16 mA @+ 5V
Totals 1,220 mA @ +5V, 77 mA @ *15V

Then,+5V @ 2,4A and £15V @ ,15A are required for 2 channels,



SUMMARY AND CONCLUSIONS

It has been shown that digital signal processing can
be applied to home entertainment audio equipment using pre-
sently available hardware. It 1s conceivable that the same
techniques could be applied to other, non-professional audio
éomponents. The cost and complexity of the digital version
is obviously much more than that of the analog one, but both
the price and complexity of the digital approach may be ex-
pected to decrease substantially with the present trend in
integration and imﬁroved production of digltal hafdware.

There are of course, improvements and alternatives that
can be introduced in our design. The dynamic range we could
achieve 1s comparable with equlivalent analog systems. A
natural attempt would be to try to improve the dynamic range
by using more bits of resolution. With 16 bits, for example,
an excellent range of 96 dB may be realized. At the required
speed, however, 16 bit processing would imply a major in-
crease 1n cost of the processor and the associated analog
to digital converter, with the present state of the art.

Another possibility is the addition of a display to
show the gain levels and some form of momentary switch to
increase or decrease the galn by addressing the coefficient

ROM with an up-down counter. This is mostly cosmetics.
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A more interesting variation would be to integrate a real
time analyzer with the equalizer. In this case an appropri-
ate acoustic source, such as pink noise through an ampli-
fler and speaker, can be used to equalize a listening room,
The pink noise would be received by a microphone and fed to
the equalizer after the required amplification. The output
of the bandpass filters would then be compared with the
signal fed to the speaker amplifier and the gain controls
would be adjusted to match the equalized signal with the
original one. The difference between the two signals could
be displayed on the front panel to facilitate the adjust-
ments or perhaps the display can show the characteristics
of the listening environment. This application will require
sharply selective bandpass filters, a suitable processor
capable of handling the signals at the proper speed to allow
time for the additional operations, and the necessary dis-
play and interfaces., It would probably be a major undertak-
ing but from the results of our project it seems possible

to accomplish it within a reasonable cost.
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APPENDIX

The following pages contain specifications of the sig-
nal processor AMI S2811, the A/D converter DDC ADH-8585
and the D/A converter Burr Brown DAC-800. For the sake of
brevity, only the relevant parts of those specifications

have been included.
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The S2811 Signal Processing Peripheral (SPP) is a high
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The SPP is a memory-mapped peripheral, occupying
16 locations of the microprocessor memory space. Pro-
viding the proper SPP address will activate the corres-
ponding control mode.

The control modes and the LIBL command enable real-
time modification of the SPP programs. This permits a

Figure 1. S2811 Object Code Instruction Formats.

single SPP program to be used in several different ap-
plications. For example, an SPP might be programmed
as a “‘universal’ digital filter, with cutoff frequency,
filter order, and data source (serial or parallel port)
selected at execution time by the control micropro-
cessor.

hg liz 14q ("} )
SPP Instruction Format [ opP2 l oP1 ] OPERAND I
SPP Addressing Modes | 17 BITS »|
5 Bits 4 Bits 3 Bits 3 Bits 1 Bit 1 Bit
Offset Addressing (UV/US) 0P2 0P 0, 0, ?:H\s/ 0
Direct Addressing (D) 0P2 0P1 Agaress (QH) 1
Direct Transter (0T) . opP2 0Pt Transter Address {HH)
Literal (L) o oP Data Wora (HHH)
Effective Address
Addressing Mode U vis Muttiplier Operands
uv {BAS)+0, | Vv={BAS)+0, P=Uey
NOTE: O indicates an octal digit (3 bits) and us (BAS)+ 0, §=0, P=s5
H indicates a hexadecimal digit (4 bits) D —_ OH P=A.V

Tablie 1. SPP Control Modes and Operations

Input leads Fy-F; define several control modes and operations to facilitate the interface between the SPP and a
control processor. In general, these inputs are derived from the control processor address leads. The SPP will
therefore occupy 16 memory locations, being a memory mapped peripheral.

Control Modes and Operations
F-8us (FyFg)
Hex Vaiue Mnemonic Operatien/Function

0 CLR (Clear) Resets control modes to normat operation.

1 RST (Reset) Software master reset. Clears all SPP registers and starts execution at location 00. Also resets con-
1rol modes to normal operation.

2 DUH (Data U/H) Specities MSByte of data word. DUH terminates data word transter.

3 DLH (Data L/H) Specifies LSBs of data wora.

4 XEQ (Execute) Starts execution at {ocation specified on data lines (HH).

5 SR (Ser. inp.) Enables serial input port.

6 SRO (Ser. Out.) Enables serial output port.

7 SM1 (S/M inp.) Converts sign-magnitude serial input data to 2's compiement form.

8 SMO (S/M Out.)  Converts 2's compiement internal data to sign-magnitude serial output.

9 BLK (Block) Enables block data transfer.

A XRM (Ext. ROM) Permits control of SPP using external instruction ROM. A speciat mode used primarily for testing.

B SoP Set Overfiow Protect {(Normal mode of operation).

c copP Clear Qverflow Protect.

D.E. Do not use.
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Figure 2. SPP instruction Timing Diagram
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Figure 5D. SPP Serial interface Timing
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Table 2. SPP Instruction Set

OP1 Instructions

Type

Mnemanic

Hex Code
111-18

Address Modes

Operations

Description

No Operation

NOP

0

None

No OPeration

Accumulator
Operations

ASB
NEB

sev

[
D

Uvsus. 0

ABS (A)—~A
—{A)=A

(A)/2A

(A)—=A, if sign {A) = sign V/S
—(A)—=A, if sign {A)#sign V/S

ASBoiute vatue of accumulator
is placed in accumulator.
NEBate accumulator contents
{twa’'s complement) and
replace in accumulator.

SHift Right accumulator con-
tents 1-bit position. Equivaient
to dividing contents by two.
Sign of RAM output V is the
sign of accumulator contents.
Accumuiator contents are
negated (two's complement) if
different sign from V. Useful in
implementing hard limiter func-
tion.

Addition

Operations

AUZ
AVZ

AVA

AUV

uvsus
UV/Us. D

UV/US, D

Uv/us .

(U)y+0-—-A
(V/S)+0—~A

(V/S) +{A)—~A

{U) +(V/S)—~A

Add U and Zero. Loads RAM
output U into the accumuiator.
Adag V/S and Zero. Loads RAM
output V/S into the accumu-
tator.

Add ¥/S and Accumuiator con-
tents. Sum is piaced back into
accumulator.

Add RAM outputs U and ¥/S
and place sum in accumuiator.

Subtraction

SVA

U

uv/us, D

uv/us

(V7 ST—(A=A

(V/S)—(U)—~A

Subtract ¥/S and Accumuiater
contents. The difference
{(V—A) is placed in the
accumulator,

Subtract RAM outputs V and U
and place ditference (V—U) in
the ac I

Multiply/
Add Operations

APZ

APA

APU

- - - {current inst.)
UV/US. D (preg. instr)

- - {current inst.)
UV/US. D (prec. instr)

UV (current instr)
UV/US, D (prec. instr)

(Py+0—=A

(P} +(A)=A

(PY+(U)=A

Add Product and Zero. Loads
multiplier product into the
accumulator. The multiplier in-
puts were set up in the
preceding instruction by
addressing mode.

Add Product and Accumulator
contents. Result is placed in
the accumulator. The muitiplier
inputs were set up in the pre-
ceding instructions by address-
ing mode.

Add Product and RAM output
U. Sum is placed in accumula-
tor. The muitiplier inputs were
set up in preceding instruction
by addressing mode.

Muitiply/
Subtract
Operations

SPA

-+ - (current instr)
UV/US, D (prec. instr)

UV/US (current instr)
UV/US, D (prec. instr)

(Py=—={A)—~A

(P)—~(U)~A

Subtract Product and
Accumulator centents. Dif-
ference (P=-A) is placed in
accumutator. The muitiplier in-
puts were set up in preceding
instruction by addressing
mode.

Subtract Product and RAM out-
put U. Difference (P—U) is
placed in accumulator. The
muitiptier inputs were set up in
preceding instruction by
addressing mede.
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Table 3. SPP instruction Set
OP2 Instructions

Hex Code
Jype Mnemonic  116-112  Address Modes  Operations Description

Load Ln 1E Literal HHH-={R Load LiTeral in input register. A 12-bit (3 hex digus)

Instructions literal is transierred to the input register. This instruction
cannot be used with an OP1 instruction or with a
specified addressing mode. Literai is left justified to oc-
cupy bits 4-15 in register.

LsL 07 .- (IR)—~BAS Load Input contents to Base register and Loop counter.
(iIR}y=LC Ses Figure 4. Clears input flag (LOW). :
LACO 02 - - {A)==OR Load ACcumulator contents into the Output Register. This
is the basic data output instruction. Sets output flag
(HIGH). The IRQ tine will be set low it the SRO mode is
not set.
LAXY 05 Uv/Us. D {A)—=1X, V/S Load Accumuiator contents into index register and RAM
(A)—~A location V/S. Accumuator is truncated to 5 most signifi-
cant bits after the operation. See Figure 4.
LALY 04 Uv/us, D (Ay=LC, V/$ guadFAccumula(or to Loop counter and RAM iocation ¥/S.
ee Figure 4.
LABY 03 Uv/us. 0 (A)==BAS, V/S  Load Accumuiator to Base and RAM location ¥/S. Trun-
(A)—=A cate accumulator contents to most signiticant 5 bits after
the operation. See Figure 4.
Data Transfer TACU 0B uv/us (Ay—=U Transfer Accumulator Contents intc RAM location U.
Instructions TACY 0c Uv/Us, b (A)=V/S Transfer Accumuiator Contents into RAM location ¥/S.
TRV 08 Uv/us, D (IRy=V/S Transter input Register Contents to RAM location ¥/S.
T&iRNis the basic data input instruction. Clears input flag
(LOW).
TVPY 09 uv/Us. D VP--V/S Transfer contents of VP register (equals previous vaiue of
output V) to RAM location V/S.
TAU 10 uv/us {A)=U Transfer Accumulator contents into RAM ifocation U using
Index reqgister as base.

Accumulator CLAC 01 .- 0—A CLear the ACtumuiator. Forces SWAP mode to normal

Operations operation angd clears overfiow flag,

Register [ 0D .- (1X) + 1—=IX INcrement the IndeX register.

Manipuiation DECB OE .- {BAS)—1-+BAS  DECrement the Base register.

tnstruction NCB OF ... (BAS) + 1=BAS  WCrement the Base register.

SWAP 06 - BAS+iX SWAP the roles of Base and Index registers.

Uncondi- JMUD 15 DT HH=PC JuMp Unconditionatly Direct 1o location indicated by 8-bit

tional (two hex digits) literal HH. Cannot be used with an OP1

Branch instruction requiring specitic addr. mode.

Instruction Ju 1 Uv/US, D {(1X}}—~PC JuMp Unconditionally Indirect to location indicated by con-
tents of RAM address peinted to by index and displace-
ment indicated by V/S. [V/S),.7]—PC.

Conditionat JMCD 16 0T HH—=PC, if

LC#0 JuMp Conditionaily Direct to location indicated by 8-bit

Branch (LC)——=LC (two hex digits) literat HH, if icop counter is not zero.

Instructions Loop Counter is decremented after the test.

Jwez 19 oT HH—=PC if
(A)y=0 JuM® 10 location specified if agcumulator contents are
Zero as a result of previous instruction.
JMPNR 1A ot HH-=PC it
(A ::m to location snec:lied it accumulator contents are
. gative as a resuit of previous instruction.
Jiwpo 18 oT g:‘;m ;' (A) JuMP 10 location specified if a%cumulamr Overflows as a
d result of previous instruction. Clears overflow flag.
JNE 1C o7 HH=PC if IF=0  JuMp if Input Fiag is low to location specified (Note 4).
. IRQ tine will be set low it the SR! mode is not set.
JMOF 10 o7 g;‘*:c if JuMp it Qutput Fiag is high to location specitied {Note 4).

Subroutine JMSR 14 DT {PC) + 1—RAR, JuMp to SubRoutine. Execution jumps unconditionaily to

Instruction HH=PC location indicated by 8-bit (two hex digits) literal HH.
Return address is stored in RAR. Cannot be used with an

. 0P1 instruction requiring specified address mode.
RETN 13 .- (RAR)=PC RETurN from subroutine. Execution continues at instruc-

tion following the JMSR instruction.
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Table 3. SPP Instruction Set
OP2 Instructions (Continued)

Hex Code
Type Mnemonie 116-112 Address Modes  Operations Description
Complex JeoT 18 b7 HH—=PC if Jump Conditionatly Direct Duat Tracking. Increment base
Instructions LC#0, and index registers. Loop Counter is decremented after
(LC)—1-+LC test.
(BAS) +1
—8AS,
(1X) + 1-+IX
Joot 17 ot HH—PC it Jump Conditionally Birect and Increment base register.
LC %0, Loop Counter is decremented after test.
(BAS) + 1—-BAS
(LC)—1-LC
VI8 0A uv/us (VP)y=V/S, Transfer contents of VP register to RAM lacation ¥/S and
(BAS) + 1==BAS  Increment Base register.
MODE 1F .. Control mode OP1 code in this instruction can select any one of the
replaces OP1 several control MODEs /operations specified in Table 1.
REPT 12 - PC inhibited if REPeat next instruction until LC = 0. Increment PC to
LC#0 (next access next instruction, then suppresses increment of PC
instruction) it LC#0. Loop Counter is decremented when REPT is exe-
{LCYy—1—LC cuted, so that number of repeats 1s equal to original value
{each iteration of LC.
of next instruc-
— tion.)
NOTES:
1. Whenever the index register is selected by an instruction OP?2 it controls the entire line of code.
2. Loop Counter cannot undertlow.
3. S refers to scratchpad.
4. Input flag is fow if SPP has not received a new input word.
5. (A) represents truncation of the accumulator to 5 most significant bits (sign and 4 MSB).
6. Muitiplier input latches and the VP register are not updated when either the DT or L addressing modes are used in conjunction with an 0P2
instruction.
g. - - - indicates don’t care address mode.

SPP Addressing Modes

The SPP provides four methods of data access (see
Figure 1). In the direct mode, the full address of the data
is specified. Due to limitations in the instruction word
size, only one data word at a time may be accessed in this
manner, and only even displacement addresses.

In the relative (to base) mode the base register is set up
using a LLTULIBL sequence, or LABYV, and two data
words are accessed simultanecusly by specifying U and
V displacements in the instruction word.

Data may be storediretrieved from the scratchpad
memory by specifying the scratchpad mode and provid-
ing scratchpad and U port displacements. The U port
data is accessed relative to the base register. The scratch-
pad data is treated exactly the same as data accessed via
the U and V RAM ports, except the 8-word scratchpad
block is substituted for the V data block.

The fourth addressing mode is dual-tracking base
addressing, This mode greatly increases throughput in
matrix operations.

The JMIF and JMOF instructions provide the capability
to synchronize the SPP when operating in synchronous

. When D address mode is used, accumulator contents as a result of previous instruction replace U input 1o multiplier.

sampled data systems. When executed these commands
cause the SPP to set the IRQ output low, thus request-
ing service from the microprocessor. The SPP can be put
in a wait loop until a new data sample is available at the
IR or has been read from the OR, as appropriate. The
TIRV and LIBL commands facilitate transfer of input
data from the IR to data memory or the base register and
loop counter respectively. LACO command provides for
data transfer to the OR.

Biock Data Transter (BLK Mode)

The contents of the RAM portion of the data memory
may be loaded or dumped via the parallel interface by use
of the Block Transfer mode. This mode is ideally suited
for transfer using a DMA Controller. The sequence and
timing are shown in Figure 6. Eight bit words may be
transferred using the DUH mode only. The memory is
addressed by the index register in this mode, and the
register-is automatically incremented after each word
transfer. The displacement is addressed by the 2 most
significant bits of this register (see Figure 4) so that the
addressing is done base-by-base, then next displacement,
Le., columnwise. The starting address is selected by pre-
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1ILE DATA DEVICE CORPORATION

ADH-8585/ADH-8586

12 BIT HYBRID A/D CONVERTER
5us Conversion Time;=0.012% F.S. Range Linearity Error

DESCRIPTION

The ADH-8585 and ADH-8586 are
complete in a 32 pin triple DIP hermet-
icatly sealed metal package and are pin
compatible with other generic ADC.85
12 bit A/D converters. An advanced
design using thin-film and MSI tech-
nologies results in conversion times of
10usec for the ADH-8585 and Susec
for the ADH-8586, corresponding to
word rates of nearly 100 KHz and
200 KHz, respectively. Conversion
times may be reduced to less than
this by shart cycling and increasing
the internal clock rate if less resolution
and accuracy are acceptable, Gain and
offset errors can be trimmed to zero
using two externai potentiometers,
making accuracy equal to the =1/2 LSB
linearity. The internal reference and

internai clock are externally accessible,
and an external clock may be used.

APPLICATIONS

Because of their high reliability, her.
metically sealed metal cases, and wide
operating temperature ranges, the
ADH-8585 and ADH-8586 will meet
the most demanding military and in-
dustrial requirements. Typical applica.
tions include data acquisition systems,
automatic test equipment and elec-
tronic countermeasures systems. Stan-
dard processing at no added cost is
based on MIL-STD-883, except for
burn-in  which is an option. These
convertars are excelient for remotely
tocated and hard to access equipment
where small size and high MTBF are

critical.

FEATURES

PIN COMPATIBLE ADC-85 TYPE
WITH WIDE TEMPERATURE
RANGE AND LOWER POWER
CONSUMPTION

PIN SELECTABLE CODING:
Complementary Binary
Complementary Offset Binary
Complementary Two's

Complement

VOLTAGE RANGES:
2.5V, 5V, 10V, Oto +5V,
Oto +10V

BOTH SERIAL AND PARALLEL
OUTPUT

INTERNAL OR EXTERNAL
CLOCK

POWER CONSUMPTION 1.2W TYP

SUPPLIES REQUIRED:
+15V AND +5V DC

17

GAIN ADJ. »
LN —_2g asvec
nerour rErn AEFERENCE N avoc
18585} v 1287 —=<
sraian o IC a1skn el 0/4 CONVERTER 18 o
OFFSET (usa8) ¢ -svoc
24 15 mfg. AGNDD
10V AANGE DIGITAL GNI
" 5 K11 {8588) 3 a 11 r2] v wsar
= 25 K1 (AsB6} ,
20V AANGE IN —_—AAN AAA~ s
5 K11 (8385} an
COMPARATOR IN 32 2.5 K1 (4586) 3 .
(OFPSET ADJI Les
28 L]
ANALOG GND O s a8
ANALOG GND s
e 1ar
ausren OuT « Jaar
-3 ouTPUT
8s
9 7 )
N4 Ty
SUFFER Thid
. a2
P ar
1
[ i
surren v > § K} 1011 12 5B
CLOCK AATE « 17 2
oL SUCCESSIVE SEAIAL QuUTPUT
19 crocx APPROXIMATION "
cracK our REGISTER el SHORT CYCLE
SAR)
Wension > 1 e cravus

(CLOCK IN)

FIGURE 1. ADH-8585 AND ADH-8586 BLOCK DIAGRAM
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PARAMETER UNITS VALUE
POWER SUPPLIES
Supniy Voltages v 15 :6% =15 :6% +5 :5%
Max Voltage Without v -18 -18 -7
Damage
Current
8585 mA ~ 35 tvo 25 tvp 50 vp
45 max 35 max 75 max
8586 mA 40wp 30 v 110 tvp
50 max 45 max 150 max
Power Supaly %FSRI%PS -0.002 -0.002 -0.001
Sensitwity
THEAMAL CHARACTERISTICS
Temperature Ranges
(Case)
Qoerating
-1 Option c ~5510 +125
-3 Opuon C -25 10 -85
Storage c ~55tg =135
Thermal impedances
Case t0 Arr 'CiWan 8ep =18
Junction to Case ‘GiWare =2
PHYSICAL CHARACTERISTICS
Tyoe of Package Metal case. harmeticatly seaied, 320m teple DIP
Size ‘nches 175 x 1.05x 0.22 (445 x 2.67 x 0.56 ¢m)
Weght oz 0.67 vp 119 g}

70 PIN 15 GNO FOR 2 -8V
UNIPOLAA OPER. e 'ol:g's':: Toxs:
TO PIM 22 FOR GAIN o GAIN
SIPOLAR OPER. ADJ. 100K ADY
0.01.F -15v
INPUT FOR -2.5v, CERAMIC sy

2] v
-5V, ~5V. AND 0 + Tov P INPUT

inPuT £OR - ov St 0¥

26
ANALOG SIGNA >——-J ANALOG
LOG NAL GND GND

COMPAR
N

TOPFIN 26

1R opesET
ADJ.

100 K::

-8V

GND TO FIN 1S FOR

BUFFER NOT USED

cg"ff: jAkd 12 91T OPERATION
CONTROL SEE TEXT FOR SHORT

TO PIN 24 OR 25 23 surreR CYCLE OPERATION

1F BUFFER 1S USED auT
30

s L S wurren ro:3y e
GND TO PiN 26 1F SHORT 114 NORMAL OPERATION
CYCLE SEE TEXT FOR SHORT

FIGURE 2. CONNECTIONS FOR NORMAL OPERATION

CYCLE OPERATION

TIMING DIAGRAM AND EXTERNAL CLOCK

The timing for normal 12 bit operation of the ADH-8585
and ADH-8586 is shown in Figure 4. The trailing edge of
the START CONVERSION pulse starts the conversion
by initiating the first of the 13 equal positive pulses of
the internal clock. The leading edge of the first clock
pulse then causes the STATUS to go to logic 1" and
also causes the first bit to be tried. The leading edge of
the second clock pulse causes Bit 2 to be tried, and Bit 1
then becomes valid. The tweifth clock puise causes Bit 12
to be tried. Bit 12 becomes valid after the leading edge
of the ciock puise 13, and the STATUS then drops to
logic “*0” to indicate that the conversion has been com-
pleted,

The SERIAL DATA QUTPUT is a non return to zero
type {NRZ). Data for each bit becomes valid at the same
time as the corresponding parallel data for the same bit,
and remains valid for one clock cycle. A recommended
way to clock data from the SERIAL QUTPUT is to use

the trailing edge of each clock pulse to shift the data
into a twelve bit shift register.

An EXTERNAL CLOCK can aiso be used as indicated
in Figure 4. If the START CONVERSION input is at
logic 1" at a time when any internal clock would
normally be initiated, the clock is turned off and neither
that pulse nor subsequent pulses will exist. Because of
this feature an external clock with negative pulses can be
applied to the Start Conversion input, pin 21. The lead-
ing edge of the first negative external clock pulse turns
on the internal clock and Bit 1 is tried. If the external
clock pulse is shorter than 200 ns, the Start Conversion
input will be at logic 1" at the time when the second
internal clock would normally be initiated, so the internal
clock will turn off. The external clock is then free to
initiate the trial of Bit 2 at any time. The onily limita.
tion on the rate of the external clock is that it must be
no faster than twice the rate of the internal ciock. The
clock rate control could be used to adjust the internal
clock rate to meet this criterion.

SHORT CYCLING AND CLOCK RATE CONTROL

The minimum conversion time and minimum cycle time
depend on the number of bits tried and on the clock per-
iod. The clock period must be long enough to aliow the
comparator to settle out. The ADH-8586 is twice as fast
as the ADH-8585 because its comparator settles faster
at the expense of lower input impedance.

The number of bits tried can be reduccd for both units
changing the SHORT CYCLE pin connection. Pin 14
is connected to the next higher bit than the number of
bits to be tried. For instance, for 10 bits, connect pin 14
to pin 2 {bit 11). For 8 bits, connect pin 14 ta pin 4
(bit 9).

When fewer bits are tried, it is possible to increase the
clock rate because less accuracy is required. For full 12
bit operation when no particular or optimum conversion
time is required, the Clock Rate Control, pin 17, is usuaiiy.
grounded as shown in Figure 2, in the same way, when
rates are not critical, pin 17 can be connected to +5V
for 10 bit operation and +15V for 8 bit operation. Op-
timum clock rates will generally require fine adjustment
of the clock voltage. The approximate clock rates with
the three standard voitage levels are:

Pin 17 Approximate Clock Rate
Voltage ADH-8585 ADH-8586
ov 1.3 MHz 2.6 MHz
+5V 2MHz" 4 MHz
+15V 2.5 MHz 5 MHz

if both short cycting and pin-programmed clock rate
control are used to increase the conversion rate, the
following nominal convaersion times are obtained for 10
and 8 bits:

Pin 17 Conversion Time

Resolution Voltage ADH-8585 ADH-8586
12 Bits ov 10us Sus
10 Bits +5V Bus 3us
8 Bits +18V 4us 2us
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TRANSITION VALUE DIGITAL BIT QUTPUTS
UNIPOLAR BIPOLAR MSB LSB
COMPLEMENTARY | COMPLEMENTARY
BINARY OFFSETBINARY |B1 B2 B3 B4 BS B6 B7 88 B9 B10 Bit B12
_ _ 0 0 0 ¢ a8 0 0 0 0 0 0 0
+F.S. - 3/2 LSB +F.S. - 3/2 LSB 6 o 0-°06 0 o0 o © o o o o
4 F.S — 5 _ o o0 1t 1 1 1 1 1 1 1 1 1
*34FS - 1/2LSBI+1/2FS. -12LSB |5 7 o o0 o o0 o o o o o0 0
o 1 1 1 1 1 1t 1 1 1 1 0
+1/2F.S. +1/2 LSB |+1/2 LSB O 1 11 11t o1s
s _ ~ o 1 1 1 1 1 1 1 1 1 1 1
+1/2F.S, - 1/2 LSB[-1/2 LSB T 0o 0 0 0 o 0o 0 0 o o o
174 E.S. Ry t o 1 1 1 1 1 1 1 1 1 0o
*UAFS +12188 [-12FS.+1/2L88 | 1 & 1 1 1 1 4 4444
. _ T 1 1t 1 1 1 1 1 1 0 1
3/2 LSB F.S. +3/2188 T
B T 1 1 1 1 1 1 1 1 1 1 0
+1/2 LSB F.S. +1/2LSB L

~ 3A. Theoretical transition values for Complementary Binary and Compiementary Offset 8inary coding. For Compiementary
Two's Complement coding, all values are the same as for Complementary Qffset Binary, except that the MSB is reversed
{MSB bits "0” become 1" and 1" become “0"),

VOLTAGE FULL SCALE 1/2 1.S8 Conversion Time
RANGE (VOLTS) (VOLTS) Resolution | +V R 8585 8586
*2.5V 2.50000 0.00061 12 Bits +5V 12K | 6.8 — 10us }3.5 — Sus
8y 5.00000 0.00122 10Bits  |[+15V |5KQ [4.0 — 6us  ]2.0 ~ 3.0us
1oV 10.00000 0.00244 88its [+I15V |5KQ 35— 6us |1.75 ~ 3.0us
0 -5V 5.00000 0.00061
0~ 10V 10.00000 0.00122 Note that if the clock rate is inCreased to a value greater than that
. specified for the number of bits required, the linearity error will
3B. Full Scale (F.S.) and 1/2 LS8 for 12 bit accuracy. be substantially increased.
FIGURE 3. THEORETICAL TRANSITION VALUES The CLOCK RATE CONTROL can also be connected 1o negative
voltages as large as — 15V, and this will decrease the clock rate.

The clock rates and conversion times listed are nominal values.
To adjust the ciock rate accurately, pin 17 may be connected to a
voltage divider as shown in Figure 5, R is a multi-turn trim poten-
tiometer with a tempco of =100 ppm/~C or less. The range of
adjustment of the clock rate will be nominally as follows: =

FIGURE 5. OPTIONAL CLOCK RATE FINE ADJUSTMENT

apw asas cLocx
AATE
DN 3588 conTaOL

'
e L..— 50 ns MIN
| THROUGHPUT TIME

START I

CONVERSION hi

T
PARALLEL DATA VALID ~—am! Sep——

1]
1t 1 CONVERSION TIME !-—’

INTERANAL
cLock

BT MER)
81T 1 TRIED

1
b

1 8IT 2 VALID t
BIT2 ‘-'{'

]

i

aIT 12 iMs8)

R e s I N o 3 A R R ) )

EXTEANAL !

cLOCK 1 2 3 ‘ s U 7 . g 10| 11 12 13 1
PTIONAL
o [ 100 — 200 e (8585) } ! MINIMUM PERIOD EQUALS
- 50 - 100 ne (9SEE) 1 f INTERNAL CLOCK PERIOD

FIGURE 4. ADH-8585 AND ADH-8586 TIMING DIAGRAM
4

113



BURR-BROWN®

DAC800

Integrated Circuit
| DIGITAL-TO-ANALOG CONVERTER

FEATURES

o LOW COST HIGH RELIABILITY SINGLE-CHIP
REPLACEMENT FOR INDUSTRY-STANDARD DACBO

 12-BIT RESOLUTION
o £1/2188 MAXIMUM NONLINEARITY, 0°C TO +70°C
o GUARANTEED MONOTONICITY, 0°C T0 +70°C

o DUAL-IN-LINE PACKAGE WITH INDUSTRY-STANDARD
[DACBO) PINOUT

VOLTAGE MODEL
o 8.3V REF QUT
O"j O SAINAQJUST
CH O
OH ==y O common
§ OFJ L'fﬁ:g‘ SUMMING JUNCTION
|| foefO s
2 O._ AND 10V RANGE
O sc:lnrnc!:gs O BIPOLAR OFFSET
Gj EtO AEF INPUT
@ O vour
o— O
- O LOBIC SUPPLY

DESCRIPTION

The DACBO0 is a third-generation monolithic
Integrated Circuit that'is a pin-for-pin equivalent to
the industry-standard DACBO first introduced by
Burr-Brown. It has all of the functions of its
predecessor plus faster settling time and enhanced
reliability because of its monolithic construction.

The current output model of the DACB00 is a single-
chip integrated circuit containing a subsurface zener

reference diode, high speed current switches, and

laser-trimmed thin-film resistors. The DAC800
provides output voltage ranges of *2.5V, X5V,
F10V. 0 to +5V, 0 to +10V (V models) or output
current ranges of £ImA or 0 to -2mA (I models).

This high accuracy converter offers a maximum
nonlinearity error of +1/2LSB, +30ppm;"C max-
imum gain drift and guaranteed monotonicity, all
over 0°C to 70°C. In the bipolar configuration total
drift is guaranteed to be less than 25ppm of FSR, "C.

The DACS00 is packaged in a 24-pin dual-in-line

package with the popular DAC80 pinout.

For designs that require a wide temperature range
and a hermetically sealed package see Burr-Brown
modeis DAC850 and DAC851.

Patents pending may apply upon the ajlowsnce and issuance of patents thereon. The product may also be covered in other countries

by one or more internationat patents.

International Airport Industrisi Park - P.0. Box 11400 - Tucson. Arizona 85734 - Tel. [602) 746-1111 - Twx: 910-352-1111 - Cable: BBRCORP - Telex: 86-6481

PLS<440

6-183
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SPECIFICATIONS

ILECTRICAL
‘ypical at 25°C and rated power supplies unless otherwise noted.
MODEL DACB00-CBI
MIN TYP MAX UNITS
DIGITAL INPUT
Resolution 12
Logic Leveis 1over spec. temp
range
ViH tLogic “1™) +2 16.5 vbCc
ViL iLogic “0"} 0 +0.8 vDC
i (Vin = +2.4V +10 nA
lie tVIN = +0.4V) .36 mA
ACCURACY
Linearity Error at 25°C x1/4 /2 LSB
Ditterential Linearity Error *1/2 +1,-3/4 LS8
Gain Erron2 0.1 0.2 %
Offset Errort2) 20.05 +0.15 % of FSR(3)
" Monotonicity Temp. Range, min o +70 °C
DRIFT(4 :0°C t0 +70°C.
Bipolar Drift, - =fuil scaie drift for the
bipolar connection -, =10 25 ppm of FSRPC
Total error over 0°C to +70°CI(5)
Unipolar +0.08 *0.15 % of FSR
Bipolar +0.08 20.12 % ot FSR
Gain =10 *30 ppm/°C
Unipolar Ofiset =1 *3 ppm of FSR/C
Bipotar Offset *7 *15 ppm of FSRPC
Differential Linearity 0°C to +70°C 172 +1,-7/8 LS8
Linearity Error 0°C to +70°C *172 LSB
CONVERSION SPEED/V modeis
Settling Time to ~0.01% of FSR
For FSR Change
20 volt range, 2k{1 load 3 5 usec
10 voit range, 2k{1 load 25 4 usec
For 1LSB Change. Mayor Carry,
2k{) load 15 usec
Slew Rate. 2k load 10 15 V/usec
CONVERSION SPEED/I modals
Settling Time to x0.01% of FSR
For FSR Change
100 to 1001 load 300 nsec
1k{) load 1 usec
ANALOG OUTPUTV models
Ranges 225 5 *10.010+5.0t0 +10 v
Output Current *5 mA
Output impedance DC 0.05 1
Short Circuit to Common. Duration ingefinite
ANALOG OUTPUT/I modeis
Ranges - Bipotar =0.88 =1.175. *1.47 mA
Unipolar 0t0-1.76]010-235{0t0-2.94 mA
OQutput Impedance - Bipolar 31 k{l
Output impedance - Unipolar 72 ki)
Compliance -25 -25 v
REFERENCE VOLTAGE QUTPUT +6.23 +6.30 +6.37 v
Current - for external loads . Source 15 25 mA
Tempco of Drift =10 =30 ppm/oC
POWER SUPPLY SENSITIVITY
+15V and +5V Supplies -0.0001 | =0.007 }% of FSR/% Vcc
-15V Supply =0.003 0005 % of FSR/% Vcc
POWER SUPPLY REQUIREMENTS
*Vce *13.5 15 165 vDC
Vpoi& +4.5 ~50 +16.5 vDC
Supply Drain
+15V. -15V . no load -8.-20 | -12.-25 mA
+5V logic supply -7 -10 mA
TEMPERATURE RANGE
Specification 0 -70 °C
Operating -25 -85 °C
Storage -60 +100 °C
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MECHANICAL

NOTE:

Leads in true pos:tion
within 0.010" - 0.25mm

R at MMC at seating plane.

Pin numbers shown for
reference only. Numbers
may not be marked on packag

¢ e
et
S
.1 c
- 1
1 '
A N

Seating Plane -
o G .- - s -

- \

-l

INCHES
MIN | MAX
118511215

108 | 170
o1 | o2t
050

MILLIMETERS
MiN MAR
Jv10 {aose
287 432
038 053
089 187
2 54 BASIC
06 | 178
020 30
308 610
15 28 BASIC:
o0
L 152

NOTE:
Metal Lid connected
to -Vce internally.

g
£

CASE: Ceramic

MATING CONNECTOR:
0245MC

WEIGHT" 8.4 grams
0302,

zizir fri-|r|o| "join]»
o
o
o

064

PIN ASSIGNMENTS

PIN

1 MODELS NO.
MSB BIT1 1

BIT 2

BIT3 3

BIT4 4

8ITs 5

BiITe 6
7

8

VMODELS

BiT 1 MSB

BIT 2

BIT3

BiT4

8ITS

BITE

BIT7

BITS

BIT9

BIT 10

BIT 11

BIT 12 LSB
LOGIC SUPPLY. Voo
-Vee

Vour

REF. INPUT
BIPOLAR OFFSET
10V RANGE

20V RANGE
SUMMING JUNCTION
COMMON

+Vec

GAIN ADJUST
6.3V REF. OUT

BIT 7

BIT8
BiT9 9
BIT10 10
BIT1t 1
LS8 BIT12 12
LOGIC SUPPLY. Vop 13
Ve 14
loyr 15
REF.INPUT 16
BIPOLAR OFFSET 17
SCALING NETWORK 18
SCALING NETWORK 19
SCALING NETWORK 20
COMMON 21
+Vee 22
GAIN ADJUST. 23
6.3V REF. OUT 24

NOTES:

L

o

. Refer to Logic Input Compatibility section.

Adjustable to zero with external trim potentiometer.

. FSR means "Fuil Scale Range™ and is 20V for +10V range. 10V

for =5V range, etc.

. To maintain drift spec internai feedback resistors must be used *

current output models.
Includes the effects of gain, offset and hinearity drift. Gamn and
offsat errors are adjusted 1o zero at +25°C.

. Power digsipation is an additional 100mW, max. when Vop 15

operated at +15V.



CONNECTION DIAGRAMS

Voitage Model

e
28
1 10M0 § ok

Current Model

y 1
REF
to CONTROL
A iy o=
GH w0t O A+
Ham[ L5 .. Oism
O = IR0 DAl 0 GOH e
RESISTOR h 39M1 100ks1 || ResisTon
G v e 0 ©H oo
NETWORK . fg NETWORK
G- CURRENT = I O
L_ Il uF Vg CURRENT
SWITCHES D:@ T O swircues
& o H
&H I
o o D—1— (o
@ i "‘Fé-: * 12
Voo B Voo 3!
NOTES:
1. DACB0 which may be replaced by DACBOO requires a 33M{) resistor. with DACBO0.
DACBS00 requires a 10MN resistor. DAC80’s may also be operated with a 3. If connected to +V¢c, which 15 p ible, power di ion

10M0 resulting in i trim range.
Pin 16 of DACB00 is used oniy to connect the bipolar offset resistor. An
external reference voitage may not be used with DACBOO as 1s possibie

L

increases 75mwW typ, 100mW max.
4. For tastest settling time connect pins 19, 18, and 15 togsether.

DISCUSSION OF SPECIFICATIONS

DIGITAL INPUT CODES
The DACS800 accepts complementary binary digital
input codes. The CBI model may be connected by the

user for any one of three complementary codes; CSB,
CTC, or COB.

TABLE 1. Digital Input Codes.

DIGITAL INPUT ANALOG OQUTPUT
csB cos cTC
Compl. Compl. Compl.
MsB LSB Straight Otfset Two's
Binary Binary Compt.
000000000000 +Full Scale +Futt Scate -1LS8
[SRRRARRAREE] +1/2 Full Scaie Zero ~Full Scate
1 1/2 Fuit Scale -1LSB -1LSB +Full Scale
AARRREARERES Zero -Full Scaie Zero
“Invert the MSB of the COB code with an external inverter to obtain
CTC code.
ACCURACY

Linearity of a D; A converter is the true measure of its
performance. The linearity error of the DACS800 is
specified over its entire temperature range. This means
that the analog output will not vary by more than
+1/2LSB, maximum, from an ideal straight line drawn
between the end points (inputs all *1"s and all *0"s) over
the specified temperature range of 0°C to +70°C.

Differential linearity error of a D. A converter is the
deviation from an ideal 1LSB voltage change from one
adjacent output state to the next. A differential linearity
error specification of £1/2LSB means that the output
voltage step sizes can range from 1 2LSB to 3. 2LSB
when the input changes from one adjacent input state 10
the next.

Monotonicity over a 0°C 10 +70°C range is guaranteed in
the DAC800 to insure that the analog output will increase
or remain the same for increasing input digital codes.

DRIFT

Gain Drift is a measure of the change in the full scale
range output over temperature expressed in parts per
million per °C (ppm: °C). Gain Drift is established by: 1)
testing the end point differences for each DAC800 model
at 0°C. +25°C and +70"C: 2) calculating the gain change
with respect to the +25°C value and: 3) dividing by the
temperature change. This figure is expressed in ppm °C.

Offset Drift is a measure of the change in output with all
*1"s on the inputs over the specified temperature range.
The Offset is measured at 0°C. +25°C and +70°C. The
maximum change in Offset is referenced to the Offset at
+25°C and is divided by the temperature change. This
drift is expressed in parts per million of full scale range
per °C (ppm of FSR,"C).
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