

































































































































































































































































































































































































































































SSM-2047 VOLTAGE-CONTROLLED FILTER WITH TRIPLE VCAs

] SSM-2300

SSM-2300

KP —— 1/2 DAC-8228 >—<

SSM-2300

—— SSM-2300

BLOCK DIAGRAM: 8-Channel System Using 8-Bit CMOS DAC, 8-Channel Demultiplexers, VCFs/VCAs.

TYPICAL CONNECTION OF THE SSM-2047 and filter center frequency respectively. Note that the negative
The figure below shows a typical connection of the SSM-2047 ~ supply should be well regulated and free of noise or the resistor
powered from +15V supplies. The 43kQ and 1.5MQ resistors values should be scaled and the connections moved to pin 10

establish the 300pA and 10pA current references for VCA gain with the bypass capacitor.

SSM-2407 TYPICAL CONNECTION

56kQ V+ (+15V)

PAN O——AN——4¢
%‘m

10kQ
o 2 4 20k0
1300pF
—i s .
1”2 RIGHT
0.014F aTeF . 0
) 4 15_+q1 _ |oP-242 out
I L |
s SSM-2087 14 = STPF 20k0
- Yvy
6800pF
T 1
< -
0.01uF ’ 12 LEFT
i oP-249 —Oour
" 7 12 * +
47pF
1.5MQ =
SIGNALIN O 8 1AW 1kQ It
20k
1k 0.14F
" CHANNEL
:Ir: OP-249 —O qur
56k = V- (-15V) I
GAIN O—WWA =
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PMI

®

SSM-2100

MONOLITHIC
LOG/ANTILOG AMPLIFIER

Precision Monolithics Inc.

FEATURES

o Performs Log, Antilog, and Log Ratio Functions
e 50pA Input Bias Current (Trimmed)

e 4mV Input Offset Voltage

e On-Board Reference

o Temperature Stabilized

e 25ppm/°C Reference Drift

e 30ppm/°C Scale Factor Drift

e 0.25% Conformance

e 3-Decade Dynamic Range (Voltage Mode)
e 6-Decade Dynamic Range (Current Mode)
e Low Cost

APPLICATIONS

e Photodiode Preamplifier

o Absorption Measurement

o Low Sweep Generators

e High Resolution Data Acquisition
e Analog Computation Circuits

o Analog Compression/Expansion
o Linear-to-dB Conversion

ORDERING INFORMATION

PACKAGE

OPERATING
PLASTIC TEMPERATURE
16-PIN RANGE
SSM2100P -10°C to +55°C

PIN CONNECTIONS

GND 1 [1] 116] FEEDBACK
TEMP ADJ [2] [15] comp 2
comp1 [3] [14] ouT
Ve 3] comp 3 16-PIN PLASTIC DIP
GND 2 5] SIGIN (P-Suffix)
REF IN [6] [11] GND 3
V- [10] REF OUT
N.c. [g] [ 9] REF comP
The SSM-2100 is mask work protected under the Semicond Chip Protecti

GENERAL DESCRIPTION

The SSM-2100 is a monolithic low-cost DC logarithmic amplifier
capable of implementing log/antilog as well as log ratio transfer
functions. This device offers a dynamic range of 6 decades of
currentand 3 decades of voltage. The circuit contains two preci-
sion operational amplifiers, a high conformance transistor pair
and a precision bandgap voltage reference. An on-board sub-
strate temperature regulator stabilizes both the scale factor and
reference drift. A negative voltage reference is also available to
facilitate external trimming.

BLOCK DIAGRAM

1
LO CcomP3
+
A

J,— " 125 ourput
SIGNAL 12 -
INPUT
150 comp 2
LIl E
= | A 30 comp1
E [} o—— —
NPT © L
5 IJ 16
GND2 O Q Q ——O FEEDBACK

10
REF(?SUJ) o 5 VOLT
REF Cons 02 REFERENCE
2
TEMP ADJ O—= TEMPERATURE REGULATOR
anD 1 0L AND BIAS CIRCUIT
v
1

GND 3 O—

~

T

Act of 1983.
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SSM-2100 MONOLITHIC LOG/ANTILOG AMPLIFIER

ABSOLUTE MAXIMUM RATINGS

Supply Voltage ... 36Vor+18V
Junction Temperature ... +150°C
Operating Temperature Range. -10°C to +55°C
Storage Temperature Range .. —65°C to +150°C
Maximum Current into Any Pin .. 10mA

Lead Temperature Range (Soldering, 60 sec) +300°C

ELECTRICAL CHARACTERISTICS at Vg = 15V, R

=1.6kQ, +5°C=sT, < +50°C, |

PACKAGE TYPE ©a (Note 1) . UNITS

°C/W

el c
39

16-Pin Plastic DIP (P)

NOTE:
1. @, is specified for worst case mounting conditions, i.e., el. als specified for
device in socket for P-DIP package.

82

= 1mA, unless otherwise noted.

1. Guaranteed by design but not directly measured.

2. Applies to both signal and reference inputs.

3. Referred to output in log mode, or to input in antilog mode.
4. Specifications apply after a 50 second warmup period.

LIMIT REF
SSM-2100
PARAMETER SYMBOL CONDITIONS MIN TYP MAX UNITS
I, =100nAto 1 - 0.25 -
Conformity Error |y = 100nAt0 1004A ) %
(Note 1) VerroOR |y =10nAto 1mA - 0. -
(Input Offset Trimmed)
Scale Factor VscaLe Measured at Pin 16 65 70 75 mV/Decade
Scale Factor o
Temperature Drift TCVscate B 30 - ppm/°C
Input Offset Voltage
v - 4 8 mV
(Note 2) 108
Input Bias Current
| - 500 2000 A
(Notes 1, 2) B P
hy=1 =1mA
IN = 'REF - 7 \
Output Offset Voltage Voos Scale Factor Set at 1V/Decade 30 0 m
Power Supply +12V = V+ s +17V - 500 - VIV
Rejection Ratio PSRR ~12V2 V-2 17V - 250 - ¥
(Note 3) Scale Factor Set at 1v/Decade
R, = 10kQ -1 - +10
. L v
Output Voltage Swing Vour R, = 2kQ 02 _ +10
Reference Output Voltage +Voer No Load 4.7 5.0 5.2 v
Reference Output Voltage
- 25 - m/°C
Temperature Coefficient TCVaer ppm/
Reference Output Current louTrREF 5 - - mA
Reference Load Regulation R, = 1kQ - 0.015 - %/mA
Reference Supply Rejection PSRRgee +12V s V+ s +17V - 0.04 - %N
Voltage at Pin 7 +Vaer 6 ' 7 8 v
Tp=+25°C - 35 -
- T, =+50°C - 20 -
Positive Supply Current +lgy Ti o 45C _ 50 _ mA
Heater Disabled - 5 -
Negative Supply Current —lgy - 5 6.25 mA
Heater Start-up Current luth - 80 120 mA
Regulated Chip
T 53 60 75 °C
Temperature REG
NOTES: Specifications subject to change; consult latest data sheet.
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SSM-2100 MONOLITHIC LOG/ANTILOG AMPLIFIER

GENERAL PRINCIPLE OF OPERATION

The SSM-2100 utilizes the predictable logarithmic relationship
between the collector currents and differential input voltage of
an NPN transistor pair, given by:

delta V,, = kT/q In l.,/l,,

where: k = Boltzmann's constant (1.38 x 10~2%) J/°K)
q = charge of an electron (1.6 x 1022 C)
T = absolute temperature (°K)

Deviation in the absolute temperature term is eliminated withthe
SSM-2100 design since the chip temperature is regulated at
+60°C (333°K).

PRINCIPLE OF LOG OPERATION

The logging function is realized by placing the antilog element
(transistor pair) in the feedback loop of the output converter
amplifier (A,) as shown in the block diagram. As shown in Figure
1, the loop is closed and the conversion is scaled with feedback
resistors R, and R, from pin 16 to pin 14. The high-gain op amps
(A, and A,) have negligible input bias current. These force the
collector currents of the high conformance transistor pair to be
equal to the input current (pin 12) and the reference current
(pin 6).

Referring to equation (1), the input current becomes |, and the
reference current |, while delta V) is Vg Q, 0r V., since
the base of Q, is ground. Here, the output amplifier A, forces the
base of Q, to be at the appropriate voltage governed by equa-
tion (1) and the collector currents of Q, and Q,. With the refer-
ence current set at 1mA, the input current operates at less than
orequalto 1mA. Inthe case of the inverting log amp, as the input
current decreases, the Vg of Q, decreases which increases
V,g Or Vg since the Vg of Q, is fixed.

1 ocowps
_f_ * 14
Ll e o OVour
SIGNAL .12 = GUTPUT
NPT O ——l
Iw=lgy
L OcoMP 2
Il
L | A 13 | ocowes
REFERENCE o,_6 .
INPUT <
<R
laer = lea <™
s V- 16
GND 2 o 0 A———1
? Vaase Q2= Vig FEEDBACK <
: 2
4 L

FIGURE 1: Basic Principle of Operation

(1)

NOTE: The output amplifier can only swing to approximately
1.5V below ground and sinks about 300pA. For this reason, they
are used only with positive output voltages. For bipolar amplifier
output, see Figure 7 in the Log Ratio section.

Equation (1) can be rewritten:
Vi =KT/q In (I /)
converting to base 10:

V.6 =2.303 kT/q LOG,; (lee/ly) (3)
Figure 1 shows the feedback which produces the output scale
factor:

Vour = Vie (RY(R, +R,))
Substituting into equation 3 yields:
Vour =2.303 KT/q (R, + R)R, LOG,, (Ioc/l\) (5)
Letting K = 2.303 kT/q (R, + R,)/R, (6)
or K =0.066 (R, + R,)/R, (usually set to 1V/decade with R, =
470Q)

For current-mode operation:

Vour = KLOG,; (Igee/liy)
For voltage-mode operation:

Vour = KLOG g (Vaee/Viy X Riy/Rege) ®)

Since both op amp inputs rest at virtual ground, the reference
and input currents can easily be generated by applied voltages
through external resistors without generating excessive errors.

For the best results, the input and reference currents should be
kept below 1mA.

A 5V reference has been included on chip for applications re-
quiring a true log function (rather than a log ratio function).

INPUTS

As with all log amplifiers, the SSM-2100 has a limited dynamic
range of 3 decades for voltage inputs. This is partially due to
input offset voltage (trimmable) and various second order ef-
fects.

For the widest dynamic range, current-mode operation is rec-
ommended. The device can handle 5 decades of current input
untrimmed and at least 6 decades when trimmed. Similarly,
when operating in the log ratio mode, the device can handle 10
decades and 12 decades, respectively.

In order to ensure unconditional stability when operating with
true current inputs, it is important to shunt the signal input to
ground with a 10kQ resistor and a 10nF capacitor in series.

@)

(4)

@)
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SSM-2100 MONOLITHIC LOG/ANTILOG AMPLIFIER

NEGATIVE POWER SUPPLY CONSIDERATIONS

Because the negative power suppply is regulated at -7V, it is
necessary to add a current limiting resistor (R, ,,, ;) in series with
pin 7. When using =15V for V-, a value of 1.6kQ is recom-
mended for R ,,.r. This willkeep the voltage at pin 7 very stable
and useful for external trimming. Note that the negative power
supply is internally regulated and needs no decoupling.

POSITIVE POWER SUPPLY CONSIDERATIONS

Because of the high gain of the temperature regulator circuit,
generous positive supply decoupling should be used. The 0.2pF
decoupling capacitor shown on the application circuits should
be of ceramic type and mounted as close to pins 1 and 4 as
possible. It should also be noted than pin 1 carries all the heater
current and care should be taken when laying out ground lines
to prevent this from causing errors.

TEMPERATURE CONTROL
The internal chip temperature is regulated at about 60°C if the
temperature adjustment (pin 12) is not used. This on-board
substrate temperature regulator stabilizes the scale factor and
reduces drift of the reference.

The regulated chip temperature can be increased or decreased
by the use of pin 2. To decrease the temperature by n°C, con-
nect a resistor of the value 3.5n MQ between pin 2 and 10. To
increase the temperature by n°C, connect aresistor of the value
6/n MQ between pins 2 and 7.

In some applications such as those requiring low power, the
temperature regulator can be disabled entirely. This is accom-
plished by connecting a 100kQ2 resistor between pins 2 and 4
(V+). In this case, the reference drift is about 70ppm/°C. The
scale factor drift can be compensated by using a temperature
compensating resistor* for R,

APPLICATIONS

The SSM-2100 can be connected for voltage or current logging
functions. Figures 2a and 2b show the transfer characteristics of
the inverting log amplifier for current and voltage mode opera-
tion.

*RCDCi

p , Inc. Part Numb

Ingr = 1MA
Kn2

Vour (VOLTS)

100 108 107 10¢

Tni (AMPS)

10¢ 104 103

FIGURE 2a: /nverting Log Amp with Current Input

102

10! 100 10!

Vi (VOLTS)

FIGURE 2b: Inverting Log Amp with Voltage Input

LP1/4, 3301 Bedford Street, Manchester, NH U.S.A., (603) 669-0054, Telex 943512
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SSM-2100 MONOLITHIC LOG/ANTILOG AMPLIFIER

INVERTING LOG AMPLIFIER

Figure 3 shows the SSM-2100 configured in the inverting log
mode. Setting I, = I With V|, = 10V, the output will be zero
and increase by 1V/decade as |, is decreased. Whereas V,,
can be varied proportionally by varying R,,, a 10V input opti-
mizes the dynamic range with +15V supplies.

To vary the scale factor, it is best to change R,. To alter the
output offset at a given input voltage, adjust R .. Phase com-
pensation for the circuit is provided by C1, C, and Ca' This
scheme yields 30kHz small-signal bandwidth at 1mA input cur-
rent, 8kHz at 1pA and approximately 1.6kHz at 100nA.

+15V
[°)
il .
0.24F
a I v compa|1a
N
+
B = 1 A\k oureur |1a Vour
v, 10kQ 12 | NBUT - =" O .iVi-oecape
N O—————W—5 -
comp? 1; . Le,
C; T 10nF
- + 2R,
5000pF )
? REFERENCE L] A, COMP 113 36656
6 [ INPUT =1 L
Cy
200pF
Shner 51GND2 4 Qo 0, FEEDBACK |16
<ska __L_—
+5V REF OUTO 10 | REF OUT avor
o | nercomp “V| pererence
2| Temp apy
A1 TEMPERATURE REGULATOR p
1nF 1]aND1 AND BIAS CIRCUIT 3R
0.1uF v Saz0n
11|GND3 I’q |
v ——
— 7 —

~15V

<
2 Rumr
1.6kQ

FIGURE 3: Inverting Logarithmic Amplifier
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SSM-2100 MONOLITHIC LOG/ANTILOG AMPLIFIER

NONINVERTING LOG AMPLIFIER R, and R, can cause a slight inaccuracy because they add to
Interchanging the signal and reference inputs yields a nonin- the base resistance of Q, and Q,. This can be minimized by
verting log amplifier as shown in Figure 4. In this configuration, keeping R, and R, as small as possible. It is recommended that
the output crosses zero when the inputis five decades below the R, = 470Q.

full-scale value. This can be adjusted by varying R,. v The small-signal bandwidth of this circuit is 5kHz with inputs

currents from 1uA to 1mA. Over the full 5-decade input current
range, the bandwidth is better than 2kHz.

+15V

4

0.2F J‘ . v comp3|13
I J_ +\l\ OuTPUT [14 v,
= |siana = | A —o Vour
‘-GJ  INPUT = / +1V/DECADE
I R — 1.¢,
115 T~ 1nF
Ry I * COMP 1 3:o)a'ssm
W REFERENCE = | A PO
viy o8, & | INpUT N =
G ¢
! Bl
$ X eecopack s =

A3 S .GHO 2 Vm [
M2 S IT '
Ry
| 49k 10 | REF oUT -
5 voLT
ner comp ¢V pefdREnce

TEMP ADJ
TEMPERATURE REGULATOR )
1nF 1 AND BIAS CIRCUIT P4ic]
Sar0n

w

A%
e
z
T

" $ 11 |GND3

<
>
S Rumr

J 1.6kQ

FIGURE 4: Noninverting Logarithmic Amplifier
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SSM-2100 MONOLITHIC LOG/ANTILOG AMPLIFIER

ANTILOG AMPLIFIER

Figure 5 shows the configuration for the antilog amplifier. The
input range for this circuit is zero to 10V which can be adjusted
by R,. The output scale factor is 1V/decade which can varied by
adjusting Ry ;-
The transfer function is also derived from equation (1). In the
antilog configuration, the current |, becomes i, ,; and Vo
Q, orV, 4is V|| (R,/(R, +R,)). Equation (2) now becomes:

Converting to base 10 and letting K = 2.303kT/q (R, + R,)/R, or
0.066(R, + R,)/R, (assuming T = +60°C or 333°K)

the final antilog transfer function becomes:

= VIN R2/.066 (R1 + R2)]
VOUT - IHEF ROUT/1 of ¢
or

= (VIN/K]
VOUT - IFiEF HOUT/1 0

To setK = 1V/decade, R,/(R, + R,) = 0.066

Vin(Ro/(R, + R,) =kT/q In(lc /1y 7) (9) If R, = 470Q, R, = 6.65kQ
or The bandwidth of the antilog amplifier circuit is approximately
= 500kHz.
laer/lout = 8XPIR,/(R, + R,) a/kT V]
or
laer Rour = Vour &XPIR,/(R, + Ry) a/kT V
+15V
o 9
ke .
i :
0.2uF I Y comp3 |13
+
A = | TR —0 0% cavenor
it et Bttty —Lc, Lo
MP2115 T~ 10nF I 100pF
I =
Rerenence L Az/ comp 13
Ry
6.65kQ
EE 2:5‘ 5IGND2 Q a, FEEDBACK |16 'AVAVA=OV"‘
10 | REF OUT ::n,
o | ner comp #5V)| petdience l pemom
TEMP ADJ ——
TEMPERATURE REGULATOR
0.1uF ) 200pF
11 | GND
V- o
= 7 = =
3
=15V
FIGURE 5: Antilogarithmic Amplifier
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SSM-2100 MONOLITHIC LOG/ANTILOG AMPLIFIER

+15V
[e]
02uF I Ny comp3 |13
R - l +
v 10k 12 | oL = IR s —0 I cave
OWW——— 12 . s
U — 10uF
2l1s T e l
Rinz
noa ] [Hec —
2R,
S 665k
5]GND2 4 Q O, FEEDBACK [ 16 s
o 10 | REF OUT :;a'
nee com 5V pefenence T
2 | TEMP ADJ
GND L
v ——
- 7 —
f’ Rumrr
1.6kQ
-15V
FIGURE 6: Log Ratio Amplifier, V, ;. = KLOG (V,/V,), K = 1V/Decade with Values Shown
LOG RATIO AMPLIFIER
The output of the log ratio amplifier is proportional to the ratio of “g
its two input signals. The SSM-2100 is very well suited to this 2509
application because both the signal and reference inputs oper- 3.3ka*
ate at true virtual ground. This eliminates the need for an exter- ! 1 W
nal true current source as required by other types of log amplifi- : o .
ers. * emaron™ i O Voyr (:5V MAX)
The log ratio amplifier shown in Figure 6 has a dynamic range of 5 12 ) J
105 to 10" if the output buffer of Figure 7 is not used. This is 6 " S s Saxa
because the output amplifier (A,) can swing to a minimum of 7 10
about 1.5V below ground and can only sink about 300uA maxi- 8 °
mum. Thus, the input current should not be more than one dec- 6 =

ade below the reference current.

For full four-quadrant operation, however, refer to the output
buffer of Figure 7. The addition of this circuit will provide a +5V
output for reference/signal ratios from 10% to 1073 for a full 10-
decade range.

-15V

* ADJUST FOR DIFFERENT SCALE FACTOR

FIGURE 7: Modification of Figure 6 for Four-Quadrant Opera-
tion
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SSM-2100 MONOLITHIC LOG/ANTILOG AMPLIFIER

TRIMMING THE SSM-2100
Figure 8 shows the general trimming technique for the log and

LOG AMPLIFIER TRIM PROCEDURE
Log amp trim for K = 1:

log ratio applications shown in Figures 3, 4 and 6. The trim 1
schemes for scale factor (R,), input offset (R,, Ry), and output
offset (Ry) factor are shown. For log ratio applications, the
input offset trim can be duplicated for the reference input.

. Apply full-scale input voltage or current and adjust output
offset for the proper output.

2. Apply an input signal one decade down from full-scale and

adjust the scale factor for the desired output.

The scale factor trim scheme is identical in all applications.
Simply replace R, with a 6.2kQ resistor and 1kQ potentiometer.

Input offset trimming removes errors from input bias current as
well as amplifier offset. For optimum trim integrity, the use of the
positive and negative reference voltages yields high rejection to
variations in power supply voltages.

Output offset errors are essentially due to the mismatch be-
tween the base-emitter voltages of Q, and Q,. The output offset
adjustment (R, ..) scheme shown applies to the inverting log 2.
amp and the antilog amplifier. Output offset is adjusted in the
noninverting log amplifier by changing R in Figure 4. To adjust
out the equivalent error in the log ratio amplifier, replace either
of the 10kQ input resistors with a 9kQ resistor and 2kQ potenti-
ometer.

Unlike an operational amplifier, a log amp can not be trimmed
with V, = 0 since the log of zero would theoretically produce an
infinite output voltage.

ouT

3. Finally, with the minimum input signal applied, adjust the
input offset trim for the correct minimum scale output voltage
or current.

ANTILOG AMPLIFIER TRIM PROCEDURE

Antilog trimming for K= 1:

1. Set full-scale by grounding V|, and adjusting the output off-
set trim until V.

ouT is 10V.

Apply 1V to V, and adjust the scale factor for 1V output.

3. Setthe V| to the maximum value to be used and adjustinput
offset trim for the minimum desired output. Using K = 1, ad-
just forV,

of 0.1V with VIN at2v.

s
Vs
comp3 |13 °
ANl 4
Rin SIGNAL = | A QuTPUT 1
v, 12 | INPUT _
N 2 # SCALE
1ka 27 FACTOR
A3 ) . 2 TAM
*2 coMP2 {15 °
L N
REFERENCE = | A COMP 113 0
6 | INPUT .
Ry B S
3.9k geaa
o SI1GND2 4 0, o M.‘L
ouTPUT
INPUT | OFFSET 2'2ka-
OFFSET TRIM
<
A 10 | REF OUT P Saroa
o] 1000 9 | rer comp ¢SV gererence q
o 2 | TEMP ADJ
] TEMPERATURE REGULATOR
o 1]|GND 1 AND BIAS CIRCUIT
| S ——
Al F.IN Rx Hy
° 1{GND3 b
1kQ  470kQ o
V- R 10kQ  4.7MQ ©
- =
100k@  10MQ  6.8kQ
<
> *
S R ® 20MQ  680Q
*Current Input
15V
FIGURE 8: Trimming the SSM-2100
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Precision Monolithics Inc.

SSM-2300

8-CHANNEL MULTIPLEXED

SAMPLE-AND-HOLD

FEATURES

* On-Chip 1:8 Demultiplexer, 8 Sample-and-Hold Capacitors
and 8 Output Buffers

* Saves Space, Reduces System Cost

* Output Buffers Stable for C_< 500pF

* Output Swing Includes Negative Supply

¢ TTL and CMOS Compatible Logic Inputs

* 5 to 18 Volts Total Supply Operation

* Low Cost

APPLICATIONS

* Automatic Test Equipment
* Process Control and Monitoring Systems
¢ Audio and Video Systems

ORDERING INFORMATION
PACKAGE

PLASTIC
16-PIN

SSM2300P

OPERATING
TEMPERATURE
RANGE

—25°C to +75°C

GENERAL DESCRIPTION

The SSM-2300is an eight-channel CMOS multiplexed sample-
and-hold device designed for voltage level distribution in pP
controlled systems. On-chip functions include an 8-channel
demultiplexer, 8 sample-and-hold capacitors and 8 output buff-
ers. This function saves valuable board space and reduces
system cost where multiple voltage levels are required.

The SSM-2300 can operate from single or dual supplies with
both TTL and CMOS logic compatibility. Useful for adjusting
amplifier offsets or VCA gains, one or more SSM-2300s can be
used with a single DAC to provide multiple set points within a
system. Applications are in ATE, audio and video, process con-
trol and monitoring systems.

For improved performance and system upgrade, request the
PMI SMP-08 data sheet.

Protected under U.S. Patent #4,739,281. The SSM-2300 has been granted mask work protection under the S

PIN CONNECTIONS

CHAN 4 oUT [T}
CHAN 6 OUT [2]

INPUT [F]
CcHAN7OUT [}
CHAN 5 OUT [5]

GND

16-PIN
PLASTIC DIP
(P-Suffix)

i

N A B c

g

INH

—o
>

LEVEL SHIFTER AND
10F 8 DECODER

..
3
s

B
-
3

°

&
~

YYY|

12

—{ig}

Y

BUFFERS

>

ficl

YYY

—{re}

HOLD CAPS %

it

171

b

I
11
~ !.
o
~

d

Act of 1983.

Chip Pr
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PML

SSM-2300 8-CHANNEL MULTIPLEXED SAMPLE-AND-HOLD

ABSOLUTE MAXIMUM RATINGS

PACKAGE TYPE 8]A (Note 1) elc UNITS
Total Supply Range ..... 18V - -
Positive SUPPlY (Vi — Vgyp) wrreersmrssssmmssssssssssssnissssnsssssnneeees 18V 16-Pin Plastic DIP (P) 82 39 oW
Negative Supply (V——Vgyp) «ve-- -0V NOTE: B ) o ) .
Storage Temperature Range 1. géwl:esi;:ssc;tiglf&rrv;?;;case mounting conditions, i.e., 9iA is spacified for
P Package .....ccoceeeereecerneneneniininicsnnnesineens —65°C to +150°C ’
Lead Temperature Range (Soldering, 60 sec) 300°C
Junction Temperature ...........c..... 150°C
Operating Temperature Range... -25°C to +75°C
ELECTRICAL CHARACTERISTICS at V+ = +15V, V- = GND, T, = +25°C, unless otherwise noted.
A
SSM-2300
PARAMETER SYMBOL CONDITIONS MIN TYP MAX UNITS
Supply Current lg 2 4 8 mA
Positive Supply Voltage V+ (V+=Vgnp) 5 - 18
Negative Supply Voltage V- (V== "Vgnp) -10 - 0
ngic High (A, B, C, INH) VINH See Table 1 6 - -
Logic Low (A, B, C, INH) VinL See Table 1 - - 08
Channel Select Time ton - 300 - ns
Channel Deselect Time torF - 300 - ns
Inhibit Recovery Time YNk - 150 - ns
Buffer Offset Vos 0< V< +13V - 8 50 mv
Hold Step VHS 0< VIN <+13V - 4 8 mV
Acquisition Time A 0<V<+13V - 1 - us
Settling Time tg 0<V ) <+13V - 2 - Hs
Droop Rate ) dVCHIdl 0< VIN < +13V - 500 1500 mV/s
Output Source Current lsource 0<V <+13V 1.2 - - mA
Output Sink Current I,_SINK VOUT =V-=GND 0.5 - - mA
Input/Output Voltage Range Vin R__=10kQto GND 0 - 1 v
Maximum Output
Capacitive Load CL max - 500 - PF
Specifications subject to change; consult latest data sheet.
SIGNAL INPUT (PIN 3)
The signal input should be driven by a low impedance voltage 'A':f'.
source such as the output of an operational amplifier. The op i
amp should have a high slew rate and fast settling time if the
SSM-2300’s fast acquisition time characteristics are desired. As __T'
with all CMOS devices, all input voltages should be kept within
range of the supply rails (i.e., V- < inputs < V+) to avoid latch-up. FROM CURRENT,
. . . . OUTPUTDAC 4700
If single supply operation is desired, an op amp such as the OP- 0 1 e ()
21, OP-80, or OP-90 with input and output voltage compliance
including GND, can be used to drive pin 3. Split supplies, such Cf < 100pF
as +7.5V, can be used for the SSM-2300 and the above men- =
tioned op amps.

If the op amp driving pin 3 is powered by dual supplies, the circuit
shown in Figure 1 should be used to avoid latch-up due to nega-
tive transients during power-up. The addition of a small capaci-
tor as shown may be useful in preventing a large false hold step.

FIGURE 1: DAC Interface Circuit (SSM-2300 Single Supply,
Op Amp Driver Split Supply)
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SSM-2300 8-CHANNEL MULTIPLEXED SAMPLE-AND-HOLD

LOGIC INPUTS (PINS 6,9, 10 AND 11)

ForV+ suppliesupto +7.5V, logicinputs canbe drivenby TTL or
CMOS. For V+ (of the SSM-2300) from +7.5Vto +12V, TTL out-
puts should add pull-up resistors to the +5V logic supply. For V+
of +12V or greater, CMOS logic should be used (see Table 1).

TABLE 1: Control Input Switch Points (Volts)

v+ GND V- Vi Vi,
5 0 =5 24 08
5 0 -10 2.4 0.8
3 0 -12 2 038

75 0 -75 3 08
15 0 0 6 038
12 0 0 5 0.8

If TTL is used to drive the logic inputs, the V+ supply should be
designed to come up before the logic supply, or, current limiting
(< 10mA) resistors should be connected in series with the inputs
to avoid a potential latch-up condition. Open collector or 74C
series logic avoid this problem because of their limited current
sourcing capability.

TABLE 2: Channel Decoding

Pin9 Pin 10 Pin 11 Pin6
(o] B A INH CH Pin
0 0 0 0 0 13
0 0 1 0 1 14
0 1 0 0 2 15
0 1 1 0 3 12
1 0 0 0 4 1
1 0 1 0 5 5
1 1 0 0 6 2
1 1 1 0 7 4
X X X 1 NONE -

Table 2 shows the channel decoding for the SSM-2300 which is
identical to that of 4051 type devices. When there is an address
change, it is possible for two or more channels to momentarily
be connected to the input at the same time. In order to avoid
potential crosstalk problems, either the input signal should be
kept at its previous level for 500ns after the address change
(Figure 2a) or preferably INH (pin 6) should be exercised as in
Figure 2b.

SUPPLIES (PINS 7, 8, AND 16)
The supply voltages V+ and V- establish the input and output
voltage range which is :

V- s inputs, outputs s V+ -2V

V+ and GND determine the control input logic levels and switch
points (see Table 1).

ADDRESS (ABC)

a)

INPUT
300ns

ADDRESS (ABC)

S
|
|

b)

INPUT

FIGURE 2: Decode Timing

Thetotal supply rangeis 7 to 15V nominal and 5 to 18V absolute
maximum, however, several specifications including acquisi-
tion time, offset, and output voltage compliance will degrade for
a total supply less than 7V. The positive supply current is typi-
cally 4mA with the outputs unloaded. If split supplies are used,
the negative supply should be bypassed (i.e., parallel 0.1pF and
10uF capacitors to GND). The hold capacitors are connected to
this supply pin and any noise on it will feed through to the out-
puts.

SUPPLY SEQUENCING

If TTL logic is used, the SSM-2300 V+ supply should be de-
signed to come up before the logic supply; otherwise current
limiting resistors should be connected in series with the logic
inputs.to prevent latch-up. Resistors should be chosen to limit
current below 10maA.

OUTPUT BUFFERS (PINS 1,2, 3,4, 5, 12, 13, 14,
AND 15)

The buffer offset specification is +£50mV. This is approximately
1LSB of an 8-bit DAC with a 10V full scale. The change in offset
over the output range is typically 3mV. The hold step (the volt-
age shift when a channel is deselected) is about 4mV with little
variation. The droop rate of a held channel is +500mV/second
typical and +1500mV/second maximum (input and output(s) at
opposite extremes of the voltage compliance range).

The buffers were designed primarily to drive loads connected to
ground. The outputs can source more than 1.2mA each over the
full voltage output range, but have limited current sinking capa-
bility near V-. In split supply operation, symmetrical output
swing can be obtained by restricting the output range to 2V from
either supply. The output impedance with the output sourcing
current is approximately 0.1Q. With the output sinking current,
the impedance is approximately 1Q.

The SSM-2300 buffers eliminate potential stability problems
associated with external buffers as the outputs are stable with
capacitive loads up to 500pF. However, the SSM-2300 buffer
outputs are not short-circuit protected. Care should be taken to
avoid shorting any of the outputs to the supplies or ground.
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SSM-2300 8-CHANNEL MULTIPLEXED SAMPLE-AND-HOLD

TYPICAL APPLICATION
CHANNELS CHANNELS CHANNELS CHANNELS
$9.0... 99.r-..9 99.i...f 99....%
| SSM-2300 (1) l I SSM-2300 (2) | | SSM-2300 (3) | | SSM-2300 (4) |
| I ]
Ao TO PINS 11
BO TO PINS 10
co TOPINS 9
sELBES; | lToPINs 6(1)
00— Lo TO PINS 6 (2)
EOo— DECODER TO PINS 6 (3)
TO PINS 6 (4)
72 DAC-8228 \ TOPINS 3
R
GENERAL INFORMATION APPLICATIONS
HANDLING For signal frequencies near DC, almost any number of SSM-

By design consideration, the SSM-2300 gate inputs have a
resistor/ diode protection network. Inherent P-N junction diodes
provide diode protection for all gate inputs and outputs. At the
input and output interfaces, the diode networks of the SSM-
2300 are protected from gate-oxide failure (70 - 100 volt limit)
for static discharge or signal voltages up to 1,000 to 2,000 volts
under most transient or low current conditions.

OPERATING

All unused inputs should be connected to either V+ or V- de-
pending on the appropriate logic circuit. For connector-driven
inputs which may temporarily become unterminated, a pull-up
resistorto V+or V—should be used with avalue ranging from 0.2
to 1MQ.

NOTE: Do not apply signals to the SSM-2300 with power off
unless the input current’s value is limited to less than 10mA.

2300s can be connected in parallel; for example, in process
control applications this allows a single DAC to service many
control channels simultaneously (see Typical Application sche-
matic). The 1us acquisition time, the number of channels, and
the address timing determines the maximum update rate. Six-
teen channels of full band audio can be demultiplexed with a
single DAC and two SSM-2300s.
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A BALANCED
SUMMING AMPLIFIER

Precision Monolithics Inc.

APPLICATION NOTE 111

The summing amplifier circuit shown in Figure 1 represents an
excellent virtual ground summing amplifier using a balanced
differential design that includes extremely low noise and wide
bandwidth as featured by the SSM-2015. Any size audio mixing
system can benefit from balanced virtual node mixing (sum-
ming). The low cost and exceptional performance of this design
can be incorporated in any system with balanced or mixed
balanced and unbalanced input sources.

ICZ. the PMI OP-41, serves as a DC servo-amplifier that is
referenced to signal ground. The circuit functions as an integra-
tor with a long time constant that retains the integrity of low
frequency audio signals down to 5Hz, and keeps e, = 0V, .,
(=10mV, ). The OP-41 is a FET input amplifier, with low input
offset voltage (V,¢) and high input impedance. Although many
low performance JFET/CMOS operational amplifiers can be
employed, the summing output V. is a function of the servo's
input offset voltage and its temperature coefficient (AV, //AT),
which must be kept low for direct coupled summing applica-
tions.

In this design, the following facts predominate: eg = 0, and ig =

+ €, (Re/R, )], etc. The input impedance therefore equals

1 Rinz Bing Binne €1C. The overall gain of the circuit is set

by R, and the gain of the individual channels can be adjusted
independently by the values of R, ., R, Ry, Ry, €tc

For individual source input(s), gain is Ay = R./R,.

The circuit configuration produces linear signal mixing at the
summing nodes (IC, pins 10,11), whereas ey = 0, therefore no
interaction occurs between the source inputs. Owing to the fact
thatthe SSM-2015is a bipolar transistor device, the noise is low
(1.3nV/¥Hz). The commonly used values of 10k<2 for ReandR,
are optimal for both minimum noise and previous stage loading,
eliminating the need for buffer amplifiers and their noise contri-
bution.

The inputcommon-mode rejection for the SSM-2015is typically
100dB as a result of true differential input topology. The differ-
ential thermal noise and DC offset drift is nearly eliminated by
the common substrate construction employed. To exploit the
high CMR of the SSM-2015, all signal resistors should be
matched resistor networks or should employ 0.5% or better
resistor tolerances.

0. e, is the algebralcsum of the input(s) e,,, €,y €na' SN
and etc. €our = [eIN1( F/RINi) +8 2(R /RINZ) INa(RF/RINa)
R ]
INn :v" eour
Rina 10k c, c, -10dBu
9 O GND
RINZ l
R |s 12 L
w1 | = 1 =
Ry, 10K2 . Rg
SSM-2015 1009
M 10 Vee WAAM—0 418V
9
€Nt W = Ve fa “l\R/V\-—O -18v
R 14 R 6
IN2 4 | 1000
i 150kQ 100uF L 100pF
P | < 8V T2 T 25Ve
10kQ

y O GND
35
S 243kQ

Ry
1*Q

FIGURE 1
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APPLICATION NOTE 111

The output circuit topology of the SSM-2015 is complementary

bipolar producing overall performance of 6V/us slew rate, and -

is able to drive a 2kQ unbalanced load. The circuit described
can be directly coupled, eliminating coloration and distortion
associated with coupling capacitors. The circuitry following this
amplifier could be AC (capacitor) coupled if the DC servo IC,
offset voltage of 10mV,, is objectionable.

Audio performance challenges the best test equipment that
might be used to measure high performance analog designs.
For example: worst case THD for this circuit measures less than
0.008%, and IMD less than 0.02% over a band-width of 10Hz to
20kHz. See Table 1 for more performance details.

TABLE 1: Circuit Performance Specifications

Frequency Response (dB 20Hz to 20kHz) © 0.02
S/N Ratio @ +23dBu 103dB
TMD + Noise (@ +23dBu 20Hz to 20kHz) © 0.008%
IMD (@ +23dBu SMPTE 60Hz & 4kHz, 4:1) 0.015%
CMRR (60Hz) 100dB
Slew Rate 6V/us

Output Voltage (2kQ2 load) +23dBu or 11V,

RMS
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A BALANCED INPUT
HIGH LEVEL AMPLIFIER

Precision Monolithics Inc.

APPLICATION NOTE 112

The balanced amplifier in Figure 1 utilizing the SSM-2015 fea-
tures adjustable gain and can accept nominal audio signals
from —27.5dBu to +0dBu with more than 30dB of headroom.
The input terminals can tolerate common-mode voltages of 30
volts peak-to-peak. Common-mode noise rejection is greater
than 100dB at 1,000Hz, while the EIN (Equivalent Input Noise)
is a low —124dBu.

The IC, amplifier circuit is gain adjustable, and the design
utilizes a 12-position switch with 2.5dB steps. Other resistor
values can be calculated to accommodate custom gain require-
ments.

IC, is PMI's SSM-2015 true differential input IC amplifier. Its
input circuit utilizes two identical low noise bipolar transistors,
with access to the emitters that provide the gain adjustment. R

(R, , through R, ) sets the amplifier's gain using the equation:

3
Gain = 3.5 + (M—) for Ry, R, = 10.0k2
Re

The emitter feedback design exhibits both minimum noise and
maximum common-mode rejection while retaining a very high

inputimpedance. The output circuit topology is complementary
bipolar producing 6V/us slew rate, and is able to drive a 2kQ
unbalanced load. The circuit described can be directly coupled
eliminating the distortion associated with coupling capacitors.
Circuitry following this amplifier could be AC (capacitor)
coupled if input normal-mode DC voltages are expected at the
input of this circuit. Worst case THD measures less than
0.008%, and IMD less than 0.015%.

Input components C,, C,, R,, and R, constitute a single pole
low-pass filter that limits the input voltage slew rate, curbs
interface transient intermodulation distortion, and keeps the
amplifier from slewing. The input network has little effect on
phase response within the pass band of 20Hz to 20kHz. To
maintain high frequency common-mode performance, capaci-
tors C, and C, should be matched for 1% tolerance.

For an output voltage of —10dBu, the balanced input amplifier
circuit has an input sensitivity range of 0.0dBu to —27.5dBu. The
common-mode voltage trim is included for maximizing applica-
tion common-mode noise reduction and also allows the use of
low cost components.

VOLTAGE TRIM

HIO—AAA 'Y
10kQ C, —T-100pF l
e R
Nt :,
R, C; T 100pF >4
LO O—/WW
10kQ
2R
GND O < a.42k d
442 10kQ 150kQ qo0uF f, it 1004F
2V 7 T 25V
. _T. O GND
= 500! P =
i 3N SW, GAIN SELECT
3480 1
COMMON-MODE 6 7 8 9 10 11 12

Ry 1.40kQ
Ry 1.00kQ

FIGURE 1
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APPLICATION NOTE 112

SW Gy e,y(dB) R, VALUE(Q)
1 100 0 R ®
2 125 -25 Ry 28.0k
3 150 -5.0 Rys 9.53k
4 175 -75 Rie 4.99k
5 200 -10.0 R,, 3.09k
6 225 -12.5 Rys 2.05k
7 250 -15.0 Rye 1.40k
8 275 -17.5 Ryo 1.00k
9 300 -20.0 R,y 715

10 325 225 Ry, 511

11 350 -25.0 Rys 374

12 375 -27.5 R 280

Specific gain can be calculated from the equation:

. 3
Gaings = 20 log [3.5 + (2012;0 )] for Ry, R, 5 = 10.0kQ

TYPICAL APPLICATIONS

This design is ideal for use as the input amplifier in audio
distribution amplifiers, for balanced input audio routing switch-
ers, as the input buffer ahead of the A-to-D codec in digital
recording and mixer equipment, or for the low noise high level
input of mixing consoles.

TABLE 1: Circuit Performance Specifications

Frequency Response (dB 20Hz to 20kHz) 0.1
S/N Ratio @ +23dBu 103dB
THD + Noise (20Hz to 20kHz) @ +23dBu 0.008%
IMD (SMPTE 60Hz & 4kHz, 4:1) @ +23dBu 0.015%
CMRR (60Hz) 100dB
Slew Rate 6Vius

Output Voltage (2kQ load) +23dBu or 11V,

RMS
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VIRTUAL GROUND SUMMING AMPLIFIER

Precision Monolithics Inc.

APPLICATION NOTE 113

The summing amplifier circuit shown in Figure 1 represents a
splendid unbalanced virtual ground summing amplifier. The
design utilizes the SSM-2134, PMI's superior version of the
popular NE5534 bipolar operational amplifier. This low noise
amplifier can now be implemented where most equipment
manufacturers use FET input operational amplifiers. The circuit
described features reduction in noise, temperature, and input
impedance effects on static condition output voltages, and
elimination of unity gain instability.

The SSM-2134 helps reduce wide-band noise figures by 3dB to
10dB, while improving the frequency and phase response
performance. Only minimal value compensation (C,) is re-
quired for the SSM-2134. In the feedback loop, C, improves
stability while keeping the slew rate at 10V/us and bandwidth
greater than 100kHz.

In this circuit, note the following design facts: eyyr is the
algebraic sum of the input voltage(s) ey, €,yor €na €nn @Nd
etc. €our = ) [elNI R /RIN1) * eIN2(R /RINZ) + ema(R /RINS) +

enn(Re/R )] etc. The individual input impedance therefore
equals R\, Ry, Riyg By, €tC. The overall gain of the circuit
is set by R, and the gain of the individual channels can be
adjusted independently by the values of R R R .. and
RINn'

For individual source input(s), voltage gain = R./R,,.

IN1* "7IN2' 7 ING

The circuit configuration produces linear signal mixing at the
summing node (common tie point C,, R, Ry, R, yo Rjy4 and

Rinn)s Whereas eg = 0, there is no interaction between the
source inputs. meg to the fact that SSM-2134 is a bipolar
device, noise is low (2.8nV/VHz). The commonly used values of
10kQ for R; and R, are optimal for both minimum noise and
previous stage loading, eliminating the need for buffer amplifi-
ers and their noise contribution.

This design produces maximum amplifier bandwidth with un-
conditional circuit stability for both input and output impedance
(reactive or not) variations.

F|IN|
€Ny
*10kQ
e RINl
" *10kQ Ry o
le -%%Tau
€N 1000
*10kQ |
“an :
€iNn
*10kQ
R, 100Q
GND O——4 —/VVA———0 +18V
*UNBALANCED n5 100 _18V
SUMMING AMP v
‘_L gslpr -~ ;:;us
25V 25V
FIGURE 1
TABLE 1: Circuit Performance Specifications
Frequency Response (20Hz to 20kHz) +0.02dB
S/N Ratio (@ +23dBu) 104dB
THD + Noise (@ +23dBu, 20Hz to 20kHz) 0.007%
IMD (SMPTE 60Hz and 4kHz, 4:1) 0.015%
Slew Rate 10V/us

Output Voltage (2kR2 load) +23.3dBu or 11.3V,

RMS
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A HIGH PERFORMANCE TRANSFORMER-COUPLED

MICROPHONE PREAMPLIFIER

Precision Monolithics Inc.

APPLICATION NOTE 114

The SSM-2015 or SSM-2016 low noise differential amplifier is
utilized in a transformer-coupled microphone preamplifier. The
circuit shown in Figure 1 represents a microphone preamplifier
with high performance, wide dynamic range, and ultra low
noise. The design features a Jensen transformer-coupled
preamplifier circuit with balanced/floating input, 1500Q input
loading, three step input attenuator, phantom microphone
powering, and twelve amplifier gain choices. Although the
design shown includes a twelve position gain selector, fixed
gain applications can utilize the component value calculations
and formula provided.

The design provides microphone input loading of 15009Q. Input
loading is capacitive reactive, and at higher input voltage
frequencies, the low-pass network and transformer character-
istics help attenuate unwanted normal-mode RF and ultrasonic
voltages that might be present at the input terminals.

The input circuit contains a three position input attenuator used
to optimize source levels versus amplifier headroom. As usual,
it's a compromise of headroom and preamplifier signal-to-
noise. The attenuation is 0dB, —10dB, and —20dB while main-
taining an input impedance of 15009Q.

A phantom microphone powering circuit is included for con-
denser microphones that require 24 to 48 volts DC power.

The common-mode voltage range is limited only by the trans-
former's primary-to-shield breakdown voltage. Common-mode
rejection is a product of the primary-to-secondary isolation and
provides detachment of the microphone wiring environment.
Although the balanced single-pole low-pass filter at the input
terminals provides protection from radio frequency interfer-
ence, this network, along with the capacitive effect of the
primary winding to the grounded shield, plus the phantom
powering resistors present a circuit path for external RF volt-
ages to enter the preamplifier's circuit ground. A carefully
planned single point (power supply) grounding, and the true
balanced and differential input topology of the SSM-2015/2016
amplifier will eliminate unwanted external noise signals.

The network composed of R, and C at the transformer secon-
dary serves two functions. It minimizes transformer rising
secondary winding signal amplitude with rising input frequency
and deters secondary ringing, while helping to prevent amplifier
input slewing. The SSM-2015/2016 differential input improves
transformer performance substantially as compared with the
conventional unbalanced design.

R7
HI O—¢ VWA ’
6190 R
INPUT ATTENUATOR VAR o ®our
10kQ c e -10dBu
3 l
|— O GND
SpF aops Cs _]_
13 1 =
1
27 S0pF
1
Ic, Ay,
10} SSM-2015 Vee 100Q
9 —vWA——0 +18v
- v,
e fa VWA——0 -18V
14 Ry,
Ris R 100Q
GND O——4 R 3R R 3R, 10k ‘5‘"‘9 - + 1000
<6.81kQ S 681k < 51 1wa< 51 kQ 25V ‘i. T 25Vpe
O GND
oo WA—0 +48Y
PHANTOM Ry
L so0uF MICRO POWER 1000
= K T sovee SW, GAIN ADJ
8 9 10 11 12
g o | 396548
248582848
- ~ ~
Ea Ig Es E:: Es
FIGURE 1
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APPLICATION NOTE 114

The circuit design incorporates a gain switch with twelve (12)
calculated gain settings. The Jensen transformer, model JE-
110K-HPC used in this application has avoltage gain of 17.9dB.
For an output voltage of —10dBu, the microphone amplifier
circuit has an input sensitivity range of —-65dBu to —17.5dBu,
with atypical output headroom of 33dB. The preamplifier circuit
shown is gain adjustable from 9.6dB to 39.6dB in 2.5dB steps.

PMI's SSM-2015/2016 input circuit utilizes two identical low
noise bipolar transistors, with access to the emitters, that pro-
vide the gain adjustment. The output circuit topology is comple-
mentary bipolar producing 6V/us (2015) and 10V/ps (2016)
slew rate into a 2kQ2 unbalanced load.

R; (R,, through R,,) sets the amplifier gain using the equation:

Ve = 3.5 + (M)
Ra

for R,,, and R, = 10.0kQ.

sSw Gy *e,,(dB) R, VALUE (Q)
1 9.6 -37.5 R, 100k
2 12.1 -40.0 Ryg 37.4k
3 14.6 -425 R,g 10.7k
4 17.1 -45.0 Rayo 5.49k
5 19.6 -47.5 R,, 3.32k
6 221 -50.0 Ry, 2.15k
7 246 -525 Ry 1.47k
8 27.1 -55.0 Ry, 1.05k
9 29.6 -57.5 R,g 750

10 32.1 —-60.0 Roe 549

11 346 -62.5 Ry, 402

12 39.6 -65.0 R 215

28
*Input attenuator set to the 0dB position.

Unspecified overall circuit gain can be calculated from the
equation:

3
Gi = 2010 [3.5 +(M)] +17.9
B g Ra ,

TYPICAL PERFORMANCE

Frequency response versus amplitude is +0.2dB from 20 to
20,000Hz, and THD + noise is better than 0.03% over gain and
frequency range described, with a typical EIN (Equivalent Input
Noise) of -127dBu. See Table 1 for detailed performance speci-
fications.

For applications where additional headroom is required, the
SSM-2016 should be used. The SSM-2016 can be powered
with up to £36V ., rails and drive 600Q loads. If 24V . rails are
used, headroom increases to 35.7dB (typically), while the EIN
remains at —127dB. As a consequence of the increased power
supply voltage, the SSM-2016 package power dissipation will
typically be 600mW with 24V, rails (no signal), and will rise
to 725mW with worst case signal conditions into 600Q load.

For +36V, power rails, although the headroom increases to
39.3dB, the SSM-2016 will dissipate 1.2 watts with no signal
applied, and 1.5 watts worst case signal conditions into 600Q
load. Therefore IC package cooling should be taken into consid-
eration. Please see the SSM-2016 data sheet for IC pin-out
connections and recommended compensation capacitor val-
ues. All other circuit component values shown here apply.

The transformer-coupled microphone preamplifier circuit de-
scribed above demonstrates robust, real-world usage refine-
ments, along with most operational features required by equip-
ment designers to deliver the highest performance. It willhandle
the most hostile microphone environments without distress to
either the circuit or the user.

TABLE 1: Circuit Performance Specifications

Frequency Response +0.15dB
(20Hz to 20kHz, -60dBu, 50dB gain)
THD + Noise (20Hz to 20kHz, —-60dBu, 50db gain)  0.045%
IMD (+23dBu, SMPTE 60Hz and 4kHz, 4:1) 0.05%
EIN (Equivalent Input Noise, 150Q source) -127dB
Input Impedance (20Hz to 5kHz) 1500Q
Source Impedance 150Q
CMR at 1kHz (common-mode rejection at 1kHz) 120dB
CMVR (common-mode voltage range) 150V,
Slew Rate (overall circuit) 6V/ius

Gain Range (overall circuit) 17.5dB to 36dB

Output Voltage
SSM-2015 (+18V,, 2kQ2 load)
SSM-2016 (+24V,, 2kQ load)

Output Headroom :
(SSM-2015, 2kQ load, —10dBu nominal)

+23dBu or 11Vg,.o
+25.7dBu or 15V,¢

33dB
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PREAMPLIFIER DESIGN
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APPLICATION NOTE 115

The SSM-2015 differential amplifier is utilized in a transformer-
less, active-balanced input amplifier. The circuit shown in
Figure 1 provides a microphone preamplifier design with excel-
lent performance and low noise. The design features a trans-
formerless preamplifier circuit with true-balanced input, 1500Q
input loading, phantom microphone powering, and high com-
mon-mode rejection. The design shown also includes a twelve
position gain selector, or for fixed gain usage, component value

The circuit design incorporates a gain switch with twelve (12)
calculated gain settings. For an output voltage of —10dBu, the
microphone amplifier circuit has an input sensitivity range of
—65dBu to —27.5dBu, and an output headroom of 33dB. The
overall circuit gain is adjustable from 27.5dB to 55dB in 2.5dB
steps.

calculations. sw Gys e,,(dB) Rg VALUE (Q)
The design includes microphone input loading of 1500Q, but 1 27.5 _375 R 1.00k
the load resistor can be changed to accommodate other appli- ° 30 _40 R15 715
cations. Inputloading is capacitive reactive at higher frequen- 05 R‘G 511
cies to attenuate unwanted RF and ultrasonic voltages at the 8 32.5 —42. 17
input terminals. 4 35 —45 Rg 374
The phantom microphone powering circuit provides power for 5 37.5 —47.5 Rig 280
condenser microphones that require 24 to 48 volts DC. The 6 40 -50 Rao 205
zener diodes CR,, CR,, CR,, and CR, protect the input transis- 7 42.5 -52.5 R, 154
tors of the SSM-2015 when connecting the microphone to the 8 45 -55 R,, 115
preamplifier circuit. 9 475 575 Ry, 86.6
The common-mode voltage range is +5.5 volts. Its common- 10 50 -60 R,, 63.4
mode rejection is optimized for most applications by the true- 11 525 —62.5 R,e 47.5
balanced and differential input topology of the SSM-2015. A 12 55 _65 R 35.7
balanced single pole low-pass filter at the input terminals 26
provides protection for the circuit from radio frequency interfer-
ence and prevents slewing of the SSM-2015 amplifier. The
output circuit topology is complementary bipolar producing 6V/
us slew rate, and able to drive a 2kQ unbalanced load.
0 e
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C,
33||FI:50V ;
HIO
1000pF J—-c' J> R N én Ru
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SSM-2015 input circuitry utilizes two identical low noise bipolar
transistors, with access to the emitters that provide the gain
adjustment. R, (R, through R,) sets the amplifiers gain using
the equation:

3
Gain = 3.5 + (M) for Re, &Ria = 10.0kQ2
Ra
Unspecified gain can be calculated from the equation:
3
Gaingg = 20 log [3.5 + (M_)]
Ra

The frequency response amplitude is +0.1dB from 20 to
20,000Hz, and THD + noise of better than 0.03% over the gain
range described with a typical EIN (Equivalent Input Noise) of
—-124dBu.

The transformerless microphone preamplifier circuit described
above demonstrates real-world usage refinements and in-
cludes most operational features required by equipment de-
signers.

TABLE 1: Circuit Performance Specifications

Frequency Response (20Hz to 20kHz) +0.1dB
THD + Noise (@ +23dBu, 20Hz to 20kHz) 0.03%
IMD (@ +23dBu, SMPTE 60Hz & 4kHz, 4:1) 0.05%
EIN (Equivalent Input Noise, 1502 source) -124dB
CMR (Common-Mode Rejection at 1kHz) 105dB
Slew Rate 6V/us
Output Voltage (2kQ load) +23dBuor 11V«
Output Headroom (2k(2 load, —10dBu nominal) 33dB
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AGC AMPLIFIER DESIGN WITH ADJUSTABLE

ATTACK AND RELEASE CONTROL

Precision Monolithics Inc.

APPLICATION NOTE 116

The automatic gain control (AGC) amplifier described below
and shown in Figure 1, features selectable gain reduction
compression ratios and time domain adjustable AGC attack
and release. This design employs the SSM-2013 VCA , SSM-
2110 precision level detector, two SSM-2134 low noise op
amps, and an OP-215 FET input dual op amp.

The design features an inverting or noninverting input buffer
amplifier, a voltage controlled amplifier with adjustable attack
and recovery characteristics, driven by a true RMS level detec-
tor. Additionally, it provides selectable gain reduction compres-
sion, adjustable AGC output level, and maximum gain limit
controls. Signal-to-noise ratio is better than 100dB and the
RMS level detector allows the AGC amplifier to operate trans-
parently throughout the audio spectrum. The gain recovery is
linear and time adjustable, and has maximum gain limiting
(gating) to preclude input source noise floor rise.

The input circuit includes a line level (-10dBu to 0dBu) buffer
amplifier, that accepts inverting or noninverting inputs with
greater than 10k loading impedance. The buffer also isolates
the input source from the compressor gain reduction ratio
selector, and limits step function slewing voltage.

The six-position gain reduction selector that follows the input
amplifier provides adjustable compression that smoothes the
AGC action. Six GAIN REDUCTION slope ratios of 2 to 22 can
be selected, thus reducing the irritating "hole producing and
pumping" character of most AGC circuits. The SSM-2013 VCA
is chosen for its predictable behavior and its high performance.
The dynamic range exceeds 94dB over the frequency range
20Hz to 20kHz. Over this frequency range, the amplifier
achieves typically less than 0.01% THD. + noise, and 0.03%
IMD.

The SSM-2110's precision rectifier circuit produces the true
RMS output that comprises a level detector. It results in a
consistent and precise AGC action that retains good signal
dynamics while leveling the input signal. It responds to the audio
signal power density in a manner similar to human hearing.

Following the precision RMS rectifier is the VCA control voltage
conditioning circuits. Constructed around U, (OP-215), the
FET-input amplifier forms an integrator while the other amplifier
provides the VCA control port buffer. The AGC outputlevel is set
by the rectified signal voltage compared to the reference volt-
age from the OUTPUT LEVEL control.

“}c;pF GAIN -15v
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10k W20 ] bisT
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APPLICATION NOTE 116

The AGC attack and compression response is altered by
adjusting the integrator charging time constant or integrator
wave shape current. The three-position ATTACK switch allows
selection of fast, medium, and slow compression and AGC
response. When the slow position is selected, an insignificant
amount of compression will take place, while fast and medium
combine compression with the AGC action. The AGC release
rate is controlled by a constant current discharge of the integra-
tor capacitor. The recovery time constant is linear and adjusted
by changing the integrator discharge current supplied by Q, and
regulated by the RELEASE rate control.

The SSM-2134 has been selected for its low noise and high
performance characteristics. The AGC circuit described is of
the feedback class, that is, the level detecting rectifier follows
the voltage controlled amplifier stage. This class of AGC circuit
combined with the complementary gain reduction compression,
driven by RMS level detection, and adjustable attack and
release AGC action, allows this circuit to be as unobtrusive or
as conspicuous as desired.

The flexibility and high performance of this design, along with
the simplicity and cost effectiveness, allows this design to be
suitable for incorporating in mixing console designs, orin stand-
alone products.

TABLE 1: Circuit Performance Specifications
Input Voltage Range —26dBu to +10dBu

(Nominal for 0dBu Out) (6mV to 2.45V,, )
Rectifier Type RMS
AGC Amplifier Class Feedback
Attack Time 20 to 200ms
Recovery Time (6dB) 3t0 32 SEC
VCA Feedthrough (Trimmed) —-100dB
Gain Limit Range (Gain Reduction 22) —26dBu to —12dBu
Frequency Response (20Hz to 20kHz) +0.2dB
S/N Ratio (@ +10dB Gain) 106dB
THD + Noise (@ +23dBu, 20Hz to 20kHz) 0.01%
IMD (@ + 23dBu, SMPTE 60Hz & 4kHz, 4:1) 0.02%
Output Voltage Slew Rate 6V/us

Output Voltage (2kQ Load) +22dBu or 10Vp,,o
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AN-121

HIGH PERFORMANCE
STEREO ROUTING SWITCHER

Precision Monolithics Inc.

APPLICATION NOTE 121

The SSM-2402 Dual Audio Switch comprises the nucleus for
this 16 channels-to-one high performance stereo audio routing
switcher, which features negligible noise and low distortion over
the frequency range of 20Hz to 20kHz. This performance is
achieved even while driving 600Q loads at signal levels up to
+30dBu.

The SSM-2402 affords a much simplified electrical design and
printed circuit board layout, along with reduced manufacturing
cost, when compared with discrete JFET circuits of similar
performance. The electrical performance of the design de-
scribed is vastly superior to CMOS switch designs, which are
more prone to failure resulting from electrical static discharge.

The switching control of the SSM-2402 may be activated by
conventional mechanical switches or 5 volt TTL or CMOS logic
circuits. The application shown utilizes a simple mechanical
control switch for illustration purposes only. Many diverse X/Y
control schemes, destination control, or computer controlled
designs can be utilized.

The "T" configuration of the SSM-2402 switch provides excel-
lent ON-OFF isolation. The SSM-2402 also features 7ms ramp-
ed turn on and 4ms ramped turn off for click-free switching.
Additionally, the switch has a break-before-make switching
sequence. Both features become significant in large audio
switching systems where the audio path can pass through
multiple switching elements. Such controlled switching is very
importantin large systems used in broadcast program switching
or in production work.

The application circuit design also employs the SSM-2015
balanced input amplifier (Figure 1). The inputimpedance is high
(=100kQ), balanced or unbalanced. The input circuit incorpo-
rates a single pole RFI filter with a cutoff frequency set at
145kHz. In addition, the input circuit attenuates the signal by
25dB and extends the common-mode input voltage range to
+98 volts peak, with common-mode rejection greater than 70dB
from 20Hz to 20kHz. The SSM-2015 is set to produce a 15dB
gain. The signal drive level into the SSM-2402 switch is then
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FIGURE 2: Switcher Functional Block Diagram

+10dBu with a +20dBu input level and +14dBu peak, well within
ideal operating range. Good signal-to-noise is maintained, with
generous head-room available by electing to use +18VDC
power supply voltages.

The routing switcher bus carries high level unbalanced audio,
but is driven with low impedance sources. With the output im-
pedance of the SSM-2015 at virtually 0Q and the SSM-2402
switch ON, resistance is typically 609Q. Bus-to-bus crosstalk is
exceptionally low. For example, assuming 14pF coupling be-
tween buses and 20kHz signal, the crosstalk (isolation) ex-
ceeds 80dB. The 14pF would be representative for the 16 X 1
stereo design shown. Shielding of the buses with a printed
circuit board ground plane and physically isolating the input and
output circuits will reduce the crosstalk even further. The "T"
configuration of the SSM-2402 switch virtually eliminates
crosstalk between the various input signal sources.

The output amplifier incorporates a buffer amplifier that pro-
vides 4dB of gain (nominally), with adjustable output level trim
control. The buffer also isolates the switching bus from the
balanced output amplifier circuit. The balanced output is de-
signed to drive 600Q loads and utilizes two SSM-2134 IC
amplifiers. The differential design increases drive capability, yet
increases the heat dissipation surface area, and keeps IC
package temperature well within safe operating limits, even
when driving 600Q loads. The SSM-2134 is recommended due
to its low noise, wide frequency response, and output drive
current capabilities.

Overall performance of the 16 X 1 stereo switcher is noteworthy.
Input-to-output frequency response is flat to within 1dB over a
10Hz to 50kHz band. Total harmonic distortion plus noise is less
than 0.03%, from 20Hz to 20kHz. SMPTE intermodulation dis-
tortion is less than 0.02%. The use of +18VDC power supplies
produces a +30dBm clip level, even when driving 6002 loads.
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TABLE 1: Circuit Performance Specifications

Max Input Level +30dBu
Input Impedance, Unbalanced 100k
Input Impedance, Balanced 200kQ
Common-Mode Rejection (20Hz to 20kHz) >70dB
Common-Mode Voltage Limit +98V Peak
Max Output Level +30dBu/dBm
Output Impedance 67Q
Gain Control Range +2dB
Output Voltage Slew Rate 6V/us
Frequency Response (+0.05dB) 20Hz to 20kHz
Frequency Response (+0.5dB) 10Hz to 50kHz
THD + Noise (20Hz to 20kHz, +8dBu) 0.005%
THD + Noise (20Hz to 20kHz, +24dBu) 0.03%
IMD (SMPTE 60Hz & 4kHz, 4:1, +24dBu) 0.02%
Crosstalk (20Hz to 20kHz) >80dB
S/N Ratio @ 0dB Gain 135dB
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APPLICATION NOTE 122

The SSM-2402 Dual Audio Switch enhances the performance
and simplifies the design of balanced high level switching
(Mute) circuits used in audio mixing consoles. The use of the
SSM-2402 and SSM-2134 creates a design that has negligible
transient noise (as a result of signal switching), and exception-
ally low signal distortion over a wide dynamic range. The bal-
anced high level voltage switch then drives a virtual ground
summing bus through 10k resistors. Alsoincludedis adesign
for a virtual ground summing amplifier.

AN-122

A BALANCED MUTE CIRCUIT
FOR AUDIO MIXING CONSOLES

The SSM-2402 is a monolithic dual audio switch that improves
electrical performance and eases printed circuit board layout

. design. The design reduces manufacturing cost when com-
pared with discrete JFET designs of similar performance.
Electrical performance is measurably superior to CMOS switch
designs, and will be less prone to failure from electrical static
discharge.
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FIGURE 1: Audio Mixer Channel Mute (On/Off) Circuit, a Balanced Design with High Level Bus Switching
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The "T" switch configuration of the SSM-2402 provides excel--

lent ON-OFF isolation. The design shown further improves the
ON-OFF isolation and left/right channel crosstalk figures by
maintaining the common-mode rejection ratio of a fully bal-
anced design. The switch features a 7ms ramped turn-on and
4ms ramped turn-off, and guaranteed break-before-make
switching sequence for transient-free audio switching. The
system performance is improved for large audio consoles that
have multiple switches in the audio signal path.

The switch control ports are easily interfaced to conventional
5V TTL or CMOS digital control circuits, further simplifying
the control circuit design. Furthermore, product reliability and
serviceability are improved by the simplified design. The appli-
cation shown uses an elementary control circuit to functionally
illustrate control voltage requirements. Customized logic gate
control schemes or computer-controlled designs can easily be
implemented.

The application circuit design employs dual audio switches
driven by U,, U,, U, and U, inverting amplifiers. Their gain is
controlled by two dual voltage controlled amplifier (VCA) ele-
ments U, and U,,. A simplified signal path is shown for applica-
tion clarity. For additional design information of the SSM-2122
dual VCA, consult the data sheet.

The design shown in Figure 1 is signal phase noninverting, and
incorporates a minimum number of components to minimize
noise. The input signal source should be balanced to maximize
separation and crosstalk isolation. PCB layout should also
utilize equal inductance in each side of the signal path wiring,
and include equal stray capacitance to ground and other signal
paths to obtain maximum performance. The SSM-2122 VCA
provides good gain tracking of the two audio channels, while
maintaining accuracy in the balanced signal path.

U,, and U, , are utilized as high level switches so that other
post-switching functions can be employed. A nominal drive
level of 0dBu balanced (-6dBu unbalanced) is applied to the
switch. This level is arbitrary, but will satisfy most signal-to-
noise and headroom compromises. The output of amplifiers U,
U,. U,, and U are AC coupled prior to the switches to further
minimize the switching transients caused by active component
offset voltages. The balanced virtual ground mixing buses are
current driven by Ry of 10kQ. This value can affect overall
system performance, and should be modified to suit the size of
the mixing bus system. A greater number of input mixing
channels will warrant lower bus drive current. Although the
individual values of Rq and R, can be altered, their values must
be the same for a summing amplifier voltage gain of one (1).

TABLE 1: Circuit Performance Specifications

Max Input Level +30dBu
Input Impedence, Balanced 75kQ
Common-Mode Rejection (20Hz to 20kHz) >70dB
Common-Mode Voltage Limit +12V Peak
Max Output Level +30dBu
Output Voltage Slew Rate 12V/us
Frequency Response (+0.05dBu) 20Hz to 20kHz
Frequency Response (+0.5dBu) 10Hz to 50kHz
THD + Noise (20Hz to 20kHz, +8dBu) 0.005%
THD + Noise (20Hz to 20kHz, +24dBu) 0.03%
IMD (SMPTE 60Hz & 4kHz, 4:1, +24dBu) 0.02%
ON/MUTE Isolation (20Hz to 20kHz) >85dB
S/N Ratio @ 0dB Gain 135dB

The active switches' ON resistances are typically 60Q and are
well matched. One should use 1% or better tolerance series
resistor Ry (10kQ) to minimize imbalance in the signal path. In
the OFF state, the "T" configuration of the switch virtually
eliminates leakage of the input source signal into the mixing
bus(es). Greater than 100dB mute isolation at 1kHz can be
obtained with prudent printed circuit board design since the
SSM-2402 control inputs and switch terminals are separated by
ground guards.

The use of 18V, . power supplies allows a +30dBu (balanced)
clipping level. All integrated circuit components mentioned will
operate reliably at =18V, and noise contribution will be
indiscernible, even in large mixing systems. The balanced input
to balanced output frequency response is typically greater than
10Hz to 50kHz, within 1dB. Total harmonic distortion plus noise
will measure less than 0.01%, from 20Hz to 20kHz at +30dBu,
while SMPTE intermodulation distortion less than 0.02% under
the same measurement conditions.
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A CONSTANT POWER "PAN" CONTROL

CIRCUIT FOR MICROPHONE AUDIO MIXING

Precision Monolithics Inc.

APPLICATION NOTE 123

The SSM-2134 permits the design of a constant power, tran-
sient-free “PAN” control circuit suitable for installation in the
highest performance audio mixing consoles. The design incor-
porates unique and vital features. The PAN IN/OUT switch does
not introduce transient type noise or interruptions in the audio
when activated or deactivited, and when panning, an accurate
constant power outputis maintained between the sum of the two
channels. The design allows “punching-in” and “punching-out”
of the PAN circuit while mixing down or on-the-air, without
transient clicks or holes in the mix.

The design utilizes conventional parts, e.g., a single SPST
switch and alinear 10kQ potentiometer. U, (SSM-2134) is used
as a unity gain, inverting buffer with an input impedance of
37.4kQ. The input source could be a VCA element or audio
direct from the fader control. The values shown will allow a VCA,
for example, the SSM-2013, to be used with only minor addi-
tions. The overall application circuit is noninverting frominput to
output.

The 15kQ series input resistors Ry, plus the inverting input
15kQ R, in parallel with 5kQ (1/2 of 10k, with the PAN control

inthe center) forms an attenuator that has a 14dB loss. Rotating
the PAN control in either direction decreases the attenuation to
—11dB for one channel and maximum attenuation for the other.

1 1,1  RL= 3.75kQ
RL R 5k@

Attenuation is calculated as:

3.75kQ

—_— e = —14dB
3.75kQ + 15kQ

20 Iog = 20 log
R + Rs

dBLoss =

Amplifier (U, & U,) gain is:

75k§2

dBgan = 20 Iong = 2010972 = +148

The frequency response is typically 10Hz to 50kHz, within
0.5dB. Total harmonic distortion plus noise will measure less
than 0.007% from 20Hz to 20kHz, and SMPTE intermodulation
distortion less than 0.01%. The amplifier clipping level is

+24dBu with =18V, . power supply rails. Headroom is nominally
30dB, and 27dB at full PAN for the operating channel.
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TABLE 1: Circuit Performance Specifications

PAN Range, L < C—+ R (L Out) +3dB <« (QdB-+» -80dB
PAN Range, R+ C-+ L (R Out) +3dB +0dB-» -80dB
Max Input Level +24dBu
Input Impedance, Balanced 37.4kQ
Max Output Level (> 600Q =18V, . PS) +24dBu
Headroom 30dB
Output Voltage Slew Rate <6V/us
Frequency Response (+0.05dB) 20 Hz to 20kHz
Frequency Response (+0.5dB) 10 Hz to 50kHz
THD + Noise (20Hz to 20kHz, +8dBu) 0.005%
THD + Noise (20Hz to 20kHz, +24dBu) 0.03%
IMD (SMPTE 60Hz & 4kHz, 4:1, +24dBu) 0.02%
S/N Ratio 130dB
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Although the digital compact disk is rapidly supplanting the vinyl
disk as the popular media method for professional and con-
sumer audio entertainment, the electro-mechanical recording
and reproduction of audio signals has many more years of life.
The group of phono preamplifier application designs below will
make the future years with vinyl more productive and pleasant.
The applications employ solid engineering concepts, and dis-
miss “golden ear” discussions.

AN-124

THREE HIGH ACCURACY RIAA/IEC
MC AND MM PHONO PREAMPLIFIERS

One design includes an input scheme for both moving coil (MC)
and moving magnet (MM) — or variable reluctance — transduc-
ers. All designs employ extremely low noise circuit topologies,
high accuracy active and passive RIAA (Recording Industries
Association of America) equalization with selectable old RIAA
or RIAA/IEC (International Electro-Technical Commission)
curves. The applications incorporate both consumer and bal-
anced output circuit configurations.
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FIGURE 1: High Accuracy RIAA/IEC MC or MM Phono Preamplifier
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FIGURE 2: Passive (Multi-Filter) RIAA/IEC Equalized Phono Preamplifier

A HIGH ACCURACY DESIGN

In the High Accuracy RIAA/IEC Phono Preamplifier shown in
Figure 1, both MC and MM transducer input configurations are
presented. Both utilize the PMI SSM-2015 differential amplifier
and take advantage of the high common-mode rejection it
provides. The overall circuit structure does not incorporate any
design compromises. It provides the lowest possible noise,
adjustable MM input loading, highest accuracy RIAA filtering,
and is completely devoid of transient and frequency dependent
gain errors. The wide bandwidth stages minimize in-band phase
shift, and provide exceptional phase and frequency response
accuracy. This allows the RIAA/IEC filter to render the exact
reciprocal of the recorded phase and frequency characteristics.

Referring to Figure 1, the MC input circuit has input loading (R )
set at 100Q. (Note: some MC transducers require 10Q loading
for maximum reproduction accuracy. For these, replace R with
a 10Q metal film resistor.) The input circuit gain is 44dB, and
provides a —20dBu signal level at point A. 44dB gain should be
adequate for most MC cartridges available. If U, gain requires
adjusting, use the equation:

Gas = 20 |og(3.5 + 2—0";—103
G

Rg sets the U, bias value and contributes to symmetrical
amplifier slewing. The RIAA filter stage that follows U, stage(s)
all but eliminates noise produced by the input amplifier.
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FIGURE 3: Passive RIAA/IEC Equalized Phono Preamplifier

The next stage contains the RIAA-RIAA/IEC equalization filter
and is builtaround U, the SSM-2134 operational amplifier, and
is an active feedback type filter. The overall gain of this circuit
at 1,000Hz is —2.5dB. RIAA equalization requires a gain of
19.3dB at 20Hz, and attenuation of 19.6dB at 20,000Hz. The
open-loop gain of U, is greater than 100dB at 20Hz, and 60dB
at 20,000Hz, ensuring exceptional equalization accuracy.

Three filters make up the RIAA reproduction curve. The time
constants are: 75us, 318us, and 3180us, and a fourth time
constant in the RIAA/IEC curve is 7960us. The IEC filter was
introduced to minimize warp and infrasonic signal interference
while maintaining flat frequency response down to 40Hz.

- The 75ps filter is formed by resistors R, (9.76kQ) and R,
(31.8kQ) in parallel with capacitor C, (0.01uF).

- The 318us pre-emphasis filter is formed by R, (31.8kQ) and
C, (0.01uF).

- The 3180ys filter is formed by R, (318kQ) and C, (0.01uF).

— The fourth pole, IEC 7960us, a high pass filter is formed by

R, (31.6kQ) and C, (0.22uF), and provides 3dB attenuation
at 20Hz rolling off at —6dB/octave thereafter.

Table 1 contains the complete RIAA and RIAA/IEC reproduc-
tion equalization characteristics. RIAA/IEC switching allows
selection of either reproduction response curves. For the “audio
purist,” C; can be eliminated for a direct coupled design, thus
reducing envelope and group delay distortions. All amplifier
feedback circuits are direct coupled, and are referenced to
circuit ground. The closed-loop gain is kept low to minimize
input offset voltage, therefore only very small DC voltages can
be expected at the output of the directly coupled version.

The high level amplifier, U, provides +12.7dB gain and feeds
the unbalanced Consumer Output jack, with a nominal —10dBu
level. U, is followed by balanced output buffer amplifier. The
nominal output level is continuously adjustable from 0.0dBm to
+10dBm at the balanced output terminals. The output source
impedance is 75Q, and will drive 600Q loads to a maximum
+30dBm clip point level. Table 2 shows circuit performance
specifications.
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TABLE 1: RIAA/IEC and RIAA Playback Characteristics

TABLE 2: High Accuracy Circuit Performance Specifications

RIAA /IEC RIAA
Frequency Relative Level Relative Level
(H2) (dB) (dB)
2.0 -0.2
2.5 +1.8
3.15 +3.7
4.0 +5.7
5.0 +7.6
6.3 +9.4
8.0 +11.2
10.0 +12.8
12.5 +14.1
16.0 +15.4
20.0 +16.3 +19.3
25.0 +16.8 +19.0
31.5 +17.0 +18.5
40.0 +16.8 +17.8
50.0 +16.3 +16.9
63.0 +15.4 +15.8
80.0 +14.2 +14.5
100 +12.9 +13.1
125 +11.5 +11.6
160 +9.7 +9.8
200 +8.2 +8.2
250 +6.7 +6.7
315 +5.2 +5.2
400 +3.8 -+3.8
500 +2.6 +2.6
630 +0.8 +0.8
1,000 0.0 0.0
1,250 -0.8 -0.7
1,600 -1.6 -1.6
2,000 -2.6 —-2.6
2,500 -3.7 -3.7
3,150 -5.0 -5.0
4,000 -6.6 -6.6
5,000 -8.2 -8.2
6,300 -10.0 -10.0
8,000 -11.9 -11.9
10,000 -13.7 -13.7
12,500 -15.6 -15.6
16,000 -17.7 -17.7
20,000 -19.6 -19.6

MC Nominal Input Level —64dBu (0.5mV)
MC Input Impedance 100Q
MM Nominal Input Level —48dBu (3.0mV)
MM Input Impedance, Resistive 69kQ or 47kQ
MM Input Impedance, Capacitive 50pF to 350pF
Common-Mode Rejection (20Hz to 20kHz) >50dB
Common-Mode Voltage Limit +10V Peak
Nominal Output Level, Balanced +8dBu/dBm
Max Output Level, Balanced +30dBu/dBm
Output Impedance, Balanced 70Q
Gain Control Range, Balanced 0.0dBu to 10dBu/dBm
Nominal Output Level, Unbalanced —10dBu
Max Output Level, Unbalanced ‘+24dBu
Output Impedance, Unbalanced 1,000Q
Output Voltage Slew Rate >6V/ us
RIAA Reproduction Characteristics

(20Hz to 20kHz) +0.25dB
RIAA/IEC Reproduction Characteristic

(2Hz to 20kHz) +1.0dB
Wideband Frequency Response (+1.0dB) 0.0Hz to 70kHz
Signal-to-Noise Ratio (20Hz to 20kHz) >90dB
THD + Noise

(20Hz to 20kHz +8dBu, Any Output) 0.01%
IMD (SMPTE 60Hz & 4kHz, 4:1) 0.02%

A PASSIVE MULTI-FILTER DESIGN

The Passive Split Multi-Filter RIAA/IEC Preamplifier design,
shown in Figure 2, is intended for moving magnet (MM) input
phono transducers. The design has an extremely low noise
circuit topology, high accuracy passive RIAA/IEC equalization
filters, and both unbalanced consumer and balanced output
circuits. The input configuration utilizes the SSM-2015. It pro-
vides the lowest possible noise, adjustable resistive and ca-
pacitive input loading, and high accuracy passive RIAA filtering
totally devoid of transient and frequency dependent gain errors.

Referring to Figure 2, the following two stages contain the RIAA-
RIAA/IEC passive equalization filters. All high pass and low
pass filters are passive. The signal is amplified by U, and U,
SSM-2134 op amps. The overall gain of the circuit at 1,000Hz
is 38dB. RIAA equalization requires a gain of 19.3dB at 20Hz,
and attenuation of 19.6dB at 20,000Hz. Open-loop gain of U,
and U, is greater than 100dB at 20Hz, and 60dB at 20,000Hz.
Closed-loop gain of U, is 22.5dB, and U,, U, is 16.6dB,
ensuring an extensive gain margin for phase accuracy. Refer to
Table 3 for complete circuit specifications.
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TABLE 3: Passive Multi-Filter Circuit Performance
Specifications

APPLICATION NOTE 124

TABLE 4: Uncomplicated Passive Circuit Performance
Specifications

MM Nominal Input Level —48dBu (3.0mV)

MM Nominal Input Level —~48dBu (3.0mV)

MM Input Impedance, Resistive 69kQ or 47kQ

MM Input Impedance, Resistive 69k or 47kQ

MM Input Impedance, Capacitive 50pF to 350pF MM Input Impedance, Capacitive 50pF to 350pF
Common-Mode Rejection (20Hz to 20kHz) > 50 dB Common-Mode Rejection (20Hz to 20kHz) > 50dB
Common-Mode Voltage Limit +10V Peak Commom-Mode Voltage Limit +10V Peak
Max Output Level, Balanced +30dBu/dBm Max Output Level, Balanced +30dBu/dBm
Nominal Output Level, Balanced +8dBu/dBm ' Nominal Output Level, Balanced +8dBu/dBm
Output Impedance, Balanced 700 Output Impedance, Balanced 70Q
Gain Control Range, Balanced 0.0dBu to 10dBu/dBm| Gain Control Range, Balanced 0.0dBu to 10dBu/dBm
Nominal Output Level, Unbalanced —10dB;f Nominal Output Level, Unbalanced —10dBu
Max Output Level, Unbalanced +24dBm Max Output Level, Unbalanced +24dBu
Output Impedance, Unbalanced 1,000Q Output Impedance, Unbalanced 1,000Q
Output Voltage Slew Rate >6V/us Output Voltage Slew Rate >6V/us
RIAA Reproduction Characteristic RIAA Reproduction Characteristic

(20Hz to 20kHz) +0.25dB (20Hz to 20kHz) +0.5dB
RIAA/IEC Reproduction Characteristic RIAA/IEC Reproduction Characteristic

(2Hz to 20kHz) +0.5dB (2Hz to 20kHz) +1.0dB
Wideband Frequency Response (+1.0dB) 0.0Hz to 70kHz Wideband Frequency Response (+1.0dB) 0.0Hz to 70kHz
Signal-to-Noise Ratio (20Hz to 20kHz) >90dB Signal-to-Noise Ratio (20Hz to 20kHz) >90dB
THD + Noise THD + Noise

(20Hz to 20kHz +8dBu, Any Output) 0.01% (20Hz to 20kHz, +8dBu, Any Output) 0.01%
IMD (SMPTE 60Hz & 4kHz, 4:1) 0.02% IMD (SMPTE 60Hz & 4kHz, 4:1) 0.02%

AN ECONOMICAL APPROACH

An Uncomplicated Passive RIAA/IEC Preamplifier is shown in
Figure 3. It is a low cost, practical design for a passively
equalized RIAA/IEC phono preamplifier. The design shown is
for moving magnet (MM) input. It also is an extremely low noise
input circuit design, and includes both unbalanced consumer
and balanced output circuit configurations. The input circuitalso
utilizes the SSM-2015, and provides adjustable resistive and
capacitive input loading. Wide bandwidth stages minimize in-
band phase shift, and provide exceptional phase and frequency
response accuracy. Table 4 details circuit performance data.

SUMMARY

For a phono transducer cartridge to deliver the performance as
intended, it should be loaded with proper resistance and capaci-
tance. The MM input circuits have adjustable transducer load-
ing. Most transducers currently available will be accommodated
with resistive loading of 69kQ or 47kQ, and capacitive loading
of a few pF (input wiring dependent) to 350pF, in 50pF steps.

If greater input common-mode noise rejection is required, it can
be obtained in all input designs by increasing the value of the
100Q resistor and 0.1uF capacitor connected between the input
RCA jack shield connection and the main circuit ground point.
The values shown satisfy most requirements for 1 meter cables
supplied with the newer tone arms.

All circuits described are signal noninverting, and constructed
with bipolar IC amplifiers for lowest noise. They are compen-
sated for widest bandwidth and circuit stability.

To achieve optimum trouble-free performance, a few construc-
tion and manufacturing tips should be observed. For grounding
to be truly effective, all grounded components must return to a
single point. This technique is effective in minimizing ground
current loops that can cause excessive noise, signal cross-talk,
AC power line noise, and circuit instability, and permit external
noise spikes to enter. The ground center should be as close to
the input amplifier (U,) as possible. All grounded components
ofU,, U,, U,, Ug, the output jack grounds, and the power supply
ground lead should be tied to the same U, ground point.

As long as the power supply leads are kept short, and ade-
quately filtered and byp d with polyester film capacitor at
the regulators, there is no need for individual decoupling capaci-
torsatU,, U,, U,, and U,. The power supply voltages should be
regulated for =18V .

All signal filter components should be of the highest quality, i.e.,
metalized polypropylene or polystyrene film, 1% tolerance ca-
pacitors (except for C,, 5% tolerance is OK) and metal film
resistors, 1% or better tolerance.
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In this application, the SSM-2120 Dynamic Range Processor
and SSM-2134 op amp are utilized in a dual-channel dynamic
noise reduction circuit, where the input signal level and thresh-
old control determine the corner frequency of a low-pass filter.

AN-125

A TWO-CHANNEL DYNAMIC FILTER |
NOISE REDUCTION SYSTEM

The SSM-2120 contains two class A VCAs (Voltage Controlled
Amplifiers) that are used as the filter’s control element, and two
wide dynamic range full-wave rectifiers with control amplifiers.
The VCA section or variable resistor is a current device con-
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FIGURE 1: Two-Channel Dynamic Filter Noise Reduction System
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trolled by the +V voltage control ports. The VCAs are employed
as variable resistor elements in a single pole low-pass filter
operating in a virtual ground configuration. The level detecting
rectifier is a full-wave averaging type with more than 100dB
dynamic range, followed by a LOG amp converter. The part also
contains two operational amplifiers with PNP output transistors
used to drive the +V,, ports.

U, and U, (SSM-2134) are input amplifiers and source-load
isolating buffers. They provide a choice of noninverting, invert-
ing, or balanced inputs. Unbalanced loading is 10kQ and
balanced loading is 20kQ. U, and U, gain is set at 0dB, with a
-10dBu nominal input signal recommended using =18V .
power supply rails. This configuration will provide an overall
circuit headroom of more than 30dB. In less critical applications,
the feedthrough trim controls and 220kQ resistors can be
eliminated.

DETAIL CIRCUIT DESCRIPTION FOR U, (SSM-2120),
AND U, & U,

The rectifier circuit is configured to provide a negative control
voltage referenced to ground. The LOG amplifier’s bias is set by
the 1.5MQ resistor. The 1.5MQ resistor also provides the
discharge path for the 1uF rectifier averaging capacitor. The
discharge time constant controls the low-pass filter's action
toward a lower corner frequency. The LOG amplifier provides a
constant current charging for the 1uF averaging capacitor. It
results in an attack (return to flat response) time constant T, | of
approximately 6ms, and a low-pass filter activation T, of
350ms.

The internal op amp of U, has the gain V, set at 47. The
potentiometer at the inverting input provides the adjustable
threshold to activate the filter. The threshold adjustment ranges
from —40dBu to 0dBu of input signal level. The output from the
op amp drive transistor supplies only a negative control voltage
to the VCA (+V) control port(s). For example, with the filter
threshold control adjusted to 0dB and a —10dBu signal applied
to the input, fc1 is =4kHz; or with —20dBu applied, fcz is
=~1.2kHz, both rolling off at 6dB/Octave. With the input signal
level exceeding the filter threshold setting (OV VCA control
voltage present), the overall circuit frequency response is 20Hz
to 16kHz, at +1dB.

The VCA audio input current is limited by the 37.4k<Q resistor.
The VCAs operate as current devices whose outputs feed the

virtual ground of an amplifier loop. The feedback capacitor
around the amplifier loop sets up a single-pole low-pass filter.
The SSM-2120 (U,) inverts the signal current, therefore Ugand
Uy are required to invert the output signal that is summed at the
input(s) of U,.

The design is an effective single-ended noise reduction circuit
with low distortion and noise. When utilized on a noisy signal
source, it will attenuate high frequency noise with inconspicu-
ous operation.

TABLE 1: Circuit Performance Specifications

Nominal Input Voltage (—10dBu Out) -10dBu
Headroom (-10dBu Out) +30dBu
Input Voltage Range —20dBu to +10dBu
Input Type/lImpedance, Balanced 20kQ
Input Type/Impedance, Unbalanced 10kQ
Dynamic Noise Reduction Class Dynamic Low-Pass
Filter Activate Time Constant (6dB) 350ms
Threshold Range (Level) —40dBu to 0dBu
Filter Deactivate Time Constant 6ms
Signal Rectifier Type Full Wave Averaging
Modulation Feedthrough, Trimmed -100dB
Frequency Response (20Hz to 16kHz) +1dB
Filter Type, Low-Pass Single Pole, 6dB/Oct
Input 10dB Below Threshold Setting fs, = 3,800Hz

Input 20dB Below Threshold Setting fo, = 1,400Hz
Dynamic Range

@ 0dB Gain (Ref. +22dBu) 106dB
THD + Noise (20Hz to 20kHz) 0.02%
IMD (SMPTE 60Hz & 4kHz, 4:1) 0.05%
Output Voltage (2kQ Load) +22dBu
Output Type Unbalanced
Power Supply =18V, . Regulated
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This application note describes a dual channel unbalanced
analog audio mute switch, for use in audio console mute
circuits. The SSM-2402 dual audio switch, when used in the
virtual ground configuration, truly enhances any audio mute
design. The application, as shown in Figure 1, incorporates
unbalanced stereo input buffers, dual stereo electronic virtual
ground switches (with simplified control circuit), and virtual

ground summing amplifiers.

AN-127

AN UNBALANCED MUTE CIRCUIT
FOR AUDIO MIXING CHANNELS

THE AUDIO SWITCH AS IMPLEMENTED

The design utilizes the SSM-2402 (U, and U,)) dual audio switch
in a virtual ground switching configuration. This method of
operation improves linearity over a wide dynamic range. The
SSM-2402 utilizes JFET switching, with internal wide band-
width integrated amplifiers applied in a unique configuration.
The result is low transient intermodulation distortion, low THD,
and low IMD, while essentially eliminating all audio switching
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FIGURE 1: Audio Mixer Channel Mute (On/Off) Circuit (Unbalanced Design with Virtual Ground Switching)
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transients. The SSM-2402 switch closed (ON) resistance is
typically 60 in series with Ry (10k). As shown in this mixing
system, the tolerance of the 60Q contributes to less channel
imbalance than the 1% resistor tolerance, thus eliminating the
need for level trim adjustments.

The SSM-2402 employs a "T" switching configuration that
yields superior ON-OFF signal isolation. In the OFF state, the
"T" configuration of the SSM-2402 virtually eliminates leakage
of the input signal (down more than 100dB at 1kHz with guard
pins 3,5, 10 and 12 grounded) onto the mixing bus(es). The part
also features a 7ms ramped turn ON and 4ms ramped turn OFF,
for transient free audio switching even with signal applied. The
switch also operates with a break-before-make switching se-
quence. These properties are significant when many remotely
controlled electronic switches are connected in series and
controlled by a single device, as in large audio systems man-
aged by an automation computer.

CONTROL INTERFACE

Inthis application note, the bus assignment (selection) switches
are shown functionally for clarity. The control ports of the SSM-
2402 can easily be interfaced to conventional 5V TTL or CMOS
logic control circuits. +5V, ¢ (logic high) closes the switch (ON),
and 0V, (logic low) opens the switch (OFF). The common
interface levels improve the reliability and serviceability of any
productsit's designed into. Diverse logic gate control designs or
computer controlled schemes can easily be implemented.

DRIVE REQUIREMENTS - THE INPUT CIRCUIT

The application employs two SSM-2402 dual audio switches in
afour-bus configuration (two stereo buses) driven by U,,, U, and
U, U bipolar amplifiers. The buffer amplifiers are signal
inverting, with their gain setto 0dB (A, = 1). The input amplifiers
also serve as source signal level clippers that prevent the input
signal from exceeding the input range of the switches, thus
preventing the switches from passing a distorted signal when
overdriven in the open (OFF) state. A nominal input drive level
of —-10dBu is applied to the switch and will maximize the signal-
to-noise ratio, and optimize headroom. The outputofU,, U,, U,,
and U, are AC coupled to further minimize the switching
transient noise caused by signal path DC voltages from previ-
ous origins.

The virtual ground mixing buses are current driven by Ry
(10.0kQ) resistors. Once again, this is a compromise value that
can be changed to accommodate the extent of the mixing bus
implemented. A greater number of input mixing channels will
warrant a lower bus drive current. Although other values can be
used, the resistance values of Ry and R_ should be the same.

As shown (+18V . power) Ry will apply approximately 1.7mA
peak current to the mixing bus. This is well within SSM-2402
switching capabilities, as well as the SSM-2134 drive capabili-
ties. The signal current is low enough to keep return ground
currents low enough to prevent crosstalk as.a result of the
mechanical wiring constraints. Returning ground currents inde-
pendently to the noninverting input of the summing amplifier is
advised.

THE OUTPUT SUMMING AMPLIFIER

The design utilizes the SSM-2134, the PMI version of the
popular NE5534 bipolar operational amplifier. The circuit fea-
tures a significant reduction in summing amplifier noise, a
decrease in temperature and bus impedance effects on the
static output voltage as a result of using a bipolar amplifier. This
design also balances the input circuit reflected source imped-
ance of the bipolar IC amplifier, alleviating the unity-gain insta-
bility and eliminating the unbalanced input topology for inverting
summing designs that could cause output offset.

The SSM-2134 has a noise voltage of 2.8nV/ v Hz, thus the
noise floor is reduced by 3 to 10dB. Additionally, frequency and
phase response performance have been improved. Only mini-
mal compensation is required in the feedback loop of the SSM-
2134 to maintain unconditional stability. The slew rate remains
greater than 10V/us, with bandwidth exceeding 50kHz.

SUMMARY

The design application shown in Figure 1 is signal noninverting,
and utilizes a minimum number of noise generating elements.
The circuit configuration produces linear signal mixing at the
virtual ground summing node (eg = 0V, ), therefore, no re-
flected interaction occurs between the input sources. The signal
input to any output frequency response is typically 10Hz to
50kHz, +0.5dB. Total harmonic distortion plus noise will meas-
ure less than 0.01%, from 20Hz to 20kHz, SMPTE intermodu-
lation distortion is less than 0.02%. With prudent printed circuit
board design, a greater than 100dB mute isolation @ 1kHz can
be obtained.

The application shown employs =18V, . power supplies to
produce a +24dBu audio output clip level. All SSM components
will operate with equal reliability at 20V, ., producing approxi-
mately a 1dB increase in clip level. If the extra headroom is
necessary, a =20V, . power supply voltage is encouraged. The
noise increase will be indiscernible, even in large mixing sys-
tems.

193



@

[PMI Audo S

AN-128

A TWO-CHANNEL
NOISE GATE

Precision Monolithics Inc.

APPLICATION NOTE 128

This application applies the SSM-2120 as a dual-channel noise
gate or adjustable threshold downward expander. A noise gate
is a type of noise reduction system that fully attenuates a VCA
when no audio signal is present. The SSM-2120 contains two
class A VCAs (Voltage Controlled Amplifiers) and two wide

dynamic range full-wave rectifiers and control amplifiers. The
VCA section is a current amplifier device whose gain is con-
trolled by two gain ports that have dB/V scaling. The VCAs are
employed as wide bandwidth amplifiers with the current inputs
and outputs operating in a virtual ground configuration. The rec-
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FIGURE 1: Two-Channel Noise Gate
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APPLICATION NOTE 128

tifiers are full-wave averaging type with 100dB dynamic range,
followed by LOG converters. The part also contains two opera-
tional amplifiers with PNP output transistors connected in a
common collector configuration.

Two SSM-2134s are used as input amplifiers, U, and U,, to
provide noninverting, inverting, or balanced inputs. Unbalanced
loading is 10kQ and balanced loading 20kQ. U, and U, gain is
setat 0dB, and with a —10dBu nominal input signal and =18V
power, will provide overall circuit headroom of 30dB. The
VCA(s) could be DC coupled, although in this application they
are AC coupled to reduce the dependence on trimming the side
chain voltage modulation feedthrough. In critical applications
the feedthrough trim controls and 220kQ resistors should be
added.

The SSM-2120’s internal rectifier produces a negative DC
voltage referenced to ground. The LOG amplifier bias is set by
the 1.5MQ resistor. The 1.5MQ resistor also provides the
discharge current path for the 1uF capacitor, that controls the
gate’s downward expansion time constant. The LOG amplifier
provides a constant current capacitor charging value. It results
in an attack (return 0dB gain) time constant T . of approximately
6ms, and a downward expansion Tc of 350ms.

The internal op amp gain A, is set at 47, with the inverting input
also providing the reference voltage. The reference voltage
range from the gate threshold control allows the gating to
activate at any source signal level from —40dBu to 0dBu. The
output from the op amp drive transistor supplies a negative
control voltage to the VCA (+V,) control port(s). The VCA(s)
control ports have a sensitivity of 6mV/dB. As shown, the
voltage divider provides a 2:1 downward expansion slope.
Below the threshold level, the gain slope is 2dB/dB, .

The VCAs are current output amplifiers that are designed to
operate with virtual ground configurations such as U, and U,.
The VCA input current is supplied by the 37.4kQ resistor and
input voltage signal. The virtual ground amplifier feedback
resistors are 37.4kQ2. With no VCA control voltage, the overall

circuit voltage gain is 1 (0dB). Other. non-gating gains can be
attained by changing the output amplifiers feedback resistor
value. The VCA input resistor should remain as shown for
maximizing the performance of the VCA(s).

TABLE 1: Circuit Performance Specifications

Nominal Input Voltage (—10dBu Out) -10dBu
Headroom (—10dBu Out) +30dB
Input Type/lmpedance, Balanced 20kQ

Unbalanced 10kQ
Downward Expander Class Feedthrough
Threshold Sense Time Constant (6dB) 350ms

Threshold Range (Level) —40dBu to 0dBu

Gate Deactivate Time Constant 6ms

Signal Rectifier Type Full-Wave Averaging

<—-60dBV

Modulation Feedthrough, Trimmed

Gain Reduction Ratio,

Downward Expansion 1 to 2 (-2dB/dB)

Frequency Response (20Hz to 20kHz) +0.25dB
Dynamic Range 100dB
THD + Noise (20Hz to 20kHz) 0.02%
IMD (SMPTE 60Hz & 4kHz, 4:1) 0.05%
Output Voltage Slew Rate 6V/us
Output Voltage (2kQ Load) +22dBu
Output Type Unbalanced
Power Supply + 18VDc Regulated
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A PRECISION SUM AND DIFFERENCE
(AUDIO MATRIX) CIRCUIT

APPLICATION NOTE 129

When constructing an accurate sum and difference signal from
stereo left and right sources, amplitude and phase (delay)
errors can contribute substantial amounts of crosstalk in the re-
constructed left and right audio channels. A minor 1dB differ-
ence, or 6° phase error, will result in only 25dB stereo channel
separation. The design presented has essentially no phase or
group delay in the sum or difference outputs as measured over

the audio spectrum, 20Hz to 20kHz. This circuit utilizes matched
(laser trimmed) resistor networks combined with high open-loop
gain differential amplifiers to guarantee virtually no phase and
amplitude error in the sum and difference channels.

Amplifiers U, and U, (SSM-2134) are utilized as input signal
buffers that provide a low source impedance (0Q) to the 10kQ
summing resistors that feed the virtual ground current summing
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FIGURE 1: Precision Sum and Difference (Audio Matrix) Circuit
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APPLICATION NOTE 129

nodes of U, and U,. The overall gain of the buffer circuit is 0dB.
The buffer amplifiers, U, and U,, are compensated for a
frequency response that extends to 100kHz at +24dBu. The
buffers are configured as inverting amplifiers for lowest phase
and group delay effects.

U, and U, (SSM-2015) are true differential input, high perform-
ance bipolar amplifiers. The current summing inputs have been
employed for sum and difference operations. All bipolar and
JFET op amps exhibit considerable propagation time differ-
ences between inverting and noninverting inputs, which result
in phase and group delay errors. The SSM-2015 was selected
because this device has practically equal propagation time
between inverting and noninverting inputs (typically less than
10ns differential). This important characteristic produces high
accuracy L + Rand L - R signals. Because U, and U, are ultra-
low noise audio preamplifiers, they contribute little noise and
distortion to output signals.

U, (OP-215GP) is a dual JFET amplifier, and is utilized as a long
time constant integrator, or DC servo amplifier. The nonin-
verting input is referenced to ground (0V, ) and will hold the
output terminals of U, and U, at 0V, .. Capacitor (AC) coupling
is notrecommended as it would allow formation of envelope and
low frequency group delay distortion.

CONSTRUCTION REQUIREMENTS

All 10kQ resistors need to be matched within 0.05% of each
other, but can be 5% in value tolerance. The 0.1uF capacitor in
the integrator circuit should be a metalized polyester film ca-
pacitor with 10% tolerance. The power supply rails are regu-
lated at +18V ..

TABLE 1: Circuit Performance Specifications

Frequency Response (+ 0.02dB) 20Hz to 20kHz
Dynamic Range (20kHz Bandwidth) 104dB
THD + Noise (20Hz to 20kHz, +24dBu) 0.007%
IMD (SMPTE 60Hz & 4kHz, 4:1, +24dBu) 0.015%
Slew Rate 10V/us
Nominal Signal Level —10dBu

Maximum Output Voltage
(2kQ Load)

Amplitude Accuracy
Differential Error

+23.3dBu or 11.3V ¢
0.05%
<10ns
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A TWO-BAND
AUDIO COMPRESSOR/LIMITER

Precision Monolithics Inc.

APPLICATION NOTE 130

The two-band audio compressor amplifier shown in Figure 1
features separate and adjustable signal compression ratios and
threshold levels. This design employs the SSM-2120 Dynamic
Range Processor, and SSM-2134 low noise op amps.

The design features: an inverting or noninverting input buffer
amplifier; high-pass and low-pass filters; and a voltage-con-
trolled amplifier driven by a log-average level detector with a
full-wave rectifier. Additionally, there are fully adjustable gain
reduction controls, and adjustable compression threshold level
controls. Signal-to-noise ratio exceeds 100dB, while the level

"detector allows the compressor to operate transparently

throughout the audio spectrum without interaction between
high and low bands.

The circuit includes a line level input (—10dBu to 0dBu nominal)
buffer amplifier, with inverting or noninverting inputs that have
10kQ input impedance. The buffer also limits step-function
slewing voltages from entering the next stage and isolates the
input source from the high-pass and low-pass filter stages.

Both high-pass and low-pass filters are of the single-pole type.
Thisfilter class is utilized to eliminate combing effects in the stop
bands, and to compensate for compressor artifacts when the
two bands are summed back together in the output amplifier
stage. Such artifacts include the compressor’s effect on the
amplitude of each independent band, and the filter's effect on
the summing influence has been taken into account in the
design.
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FIGURE 1: Two-Band Audio Compressor 198




APPLICATION NOTE 130

Two continuously variable gain reduction controls (R ) in the
VCA control circuit provide independent adjustment of com-
pression gain slopes. The GAIN REDUCTION ratios are each
adjustable from 2 to 25 for high-pass and low-pass bands. This
range of adjustment provides mild compression to severe
limiter/clipper action independently on each band. Thus the
irritating “hole producing and pumping” character of single,
wide-band compressor circuits can be reduced. The SSM-2120
provides a dynamic range of greater than 100dB over the
frequency range of 20Hz to 20kHz with typically less than 0.02%
THD + noise, and 0.05% IMD.

The COMPRESSION THRESHOLD control (R;) allows the
compressor to take effect from — 30dBu to +20dBu input levels.
The SSM-2120's log-average precision rectifier is configured as
a feedback-type level detctor. The design produces consistent
and precise compression profile of the input signal with no
threshold level or compression drift over time and temperature.

The SSM-2120’s full-wave log-averaging rectifier and control
amplifier form an integrator and buffer circuit that isolates the
low impedance VCA control port from the integrator timing
circuit. This circuit senses the VCA output level and modifies its
compression profile by feeding the averaged VCA signal plus
the compression threshold control signal back into the VCA
control ports. The control Ry is used tq balance the threshold
amplitude between the two bands to pre-establish the compres-
sor dynamics.

The small signal averaging time for the 2uF integration capaci-
tor shown is 12ms. The attack time to 3dB of final value is about
6ms and is almost independent of signal level increase for level
changes in excess of +10dB. The compression release rate is
controlled by the 1.5MQ discharge resistor in the integrator
circuit. The recovery time constant is nearly linear since the
discharge resistor returns to the 15V, rail, and the rectifier
produces a positive control voltage.

TABLE 1: Circuit Performance Specifications
Input Voltage Range —10dBu to 0dBu

(Nominal for 0dBu Out) 245mV to 755mV
Rectifier Type Averaging
Compressor Amplifier Class Feedback
Attack Time (+10dB or Greater Level Change) 6ms
Recovery Rate 1.67dB/ms
Feedthrough, Trimmed —-100dB
Gain Reduction Range 2to 25
Frequency Response (20Hz to 20kHz) 0.2dB
Dynamic Range @ 0dB Gain 100dB
THD + Noise ( 20Hz to 20kHz) 0.02%
IMD ( SMPTE 60Hz & 4kHz, 4:1) 0.05%

Output Voltage Slew Rate 6V/us
Output Voltage (2kQ Load) +22dBu or 10V,

RMS
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A TWO-CHANNEL VCA
LEVEL (VOLUME) CONTROL CIRCUIT

Precision Monolithics Inc.

APPLICATION NOTE 131

The dual-channel voltage-controlied amplifier (VCA) level
control circuit describes a useful application of the SSM-2122
dual VCA, SSM-2134 low noise op amp, and PMI's OP-215BP
JFET/bipolar op amp. This circuit is very handy when extremely
close gain matching of a stereo audio source is desired, such as
in ON-AIR and production audio consoles.

The design features a balanced input buffer amplifier and VCA
driven by a level shifting amplifier which is controlled by a single
10kQ linear potentiometer. Additionally, there are fully adjust-
able and independent gain limit and maximum attenuation trim
controls. The VCA circuit has a nominal attenuation range
greater than 95dB and has input overdrive protection. The
signal-to-noise ratio exceeds 100dB with a gain of 10dB, and
headroom of 32dB. The amplitude varies less than +0.1dB over

As shown, the circuit includes two line-level inputs designed for
a —10dBu input signal level. The SSM-2134 (U, and U,) input
buffer amplifiers can be connected for balanced or unbalanced
inputs with inverting or noninverting inputs. The input loading
impedance is 10kQ unbalanced and 20kQ balanced. The input
buffer amplifier also limits step function slewing voltages from
entering following stages. Other input levels can be accommo-
dated by adjusting the feedback resistor R_,. For example: for
anominalinputlevel of 0dBu, R, should be changed to 3.16kQ,
or for a nominal input level of +10dBu, R_, changed to 1kQ to
provide the optimal current drive to the VCA. C_ should also be
changed to 68pF and 220pF respectively for both U, and U,,.

For other input levels, R, can be calculated:
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APPLICATION NOTE 131

The SSM-2122 has a current-in and current-out structure. The
input current is set by resistor R, and the virtual ground input of
the SSM-2122. Similarly the transimpedance amplifier at the
output converts the output current into a voltage. All devices in
this design operate on =15V . power supply rails. The 37.4kQ
VCA input and output resistors optimize its dynamic range and
minimize distortion. The SSM-2122 is a monolithic device, so
the VCA gains remain uniform over a wide change in ambient
temperature.

The SSM-2122 has two gain control ports that have a sensitivity
of -6mV/dB. 0.0 volts at the gain control ports will yield 0dB
overall gain; +60mV produces +10dB gain and -0.513V corre-
sponds to a —-85dB attenuation. The feedthrough trim null
controls R, are notimperative for most applications. However,
for very high performance requirements they will reduce attenu-
ation control voltage feedthrough to less than 750uV. To adjust
the null trim controls R, inject a 100Hz sinewave into the
control port through a 1kQ resistor and a 100uF, 10V capacitor,
and set the signal generator to 0.5 V_,,.. The control ports of
U are pins 3 and13. Adijust the level control R (fader) for
0dB gain, with the signal inputs shorted, then adjust R, for
minium 100Hz signal at the outputs.

The output amplifier(s) U, and U, are virtual ground connected
current-to-voltage converters. The 37.4kQ feedback resistors
set the circuit voltage gain to 0dB with zero volts applied to the
VCA control ports. Variable resistor Ry, is used to balance the
signal path gain of the two audio circuits. With the circuit gain
set to 0dB and a test signal applied to the inputs, Ry, is
adjusted for equal output levels.

The VCA provides 10dB of additional gain at maximum level
setting (+60mV atthe VCA control ports). The THD is extremely
low within the characteristic gain range of +10dB to —20dB.

The VCA control circuit is designed around U,, the high input
impedance OP-215 dual op amp. One half of U, is used to
develop the 5V reference voltage for the level control element.

This is a fail-safe design — with no voltage applied or an open
connection at terminal V., the gain will descend to —-85dB.
Level control trimming is as follows: with the fader control set to
minimum (0V), the trim control R_g. is adjusted for maximum
attenuation of ~85dB or -0.513V,  at pin 1 of U,. Then with the
fader set to its maximum (5V), trim control R_,  is adjusted for
maximum circuit gain of +10dB or +60mV. Since there is no
interaction when adjusting R, ; for +10dB gain, the setting for
R_g will remain unaffected. Other max-attenuation values can
be used. R_g has an attenuation range of —45dB(270mV) to
-93dB (560mV).

TABLE 1: Circuit Performance Specifications

Input Voltage

(Nominal for —10dBu Out) —10dBu or 245mV,,o
Input Impedance, Unbalanced 10kQ
Imput Impedance, Balanced 20kQ
Headroom (Nominal for —10dBu In &Out) 32dB
Feedthrough, Trimmed <750pV
Gain Control Range (Nominal) +10dB to -85dB
Gain Control Voltage (+10dB to —85dB) 5Vpoto 0V,
Frequency Response (20Hz to 20kHz) +0.1dB
S/N Ratio @ 10dB Gain 100dB
THD + Noise (20Hz to 20kHz, +22dBu) 0.005%
IMD (SMPTE 60Hz & 4kHz, 4:1, +22dBu) 0.02%
Output Voltage Slew Rate 6V/us
Output Voltage (1kQ Load) +22dBu or 10V«
Output Impedance <10Q
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AN-133

A HIGH-PERFORMANCE COMPANDOR

FOR

WIRELESS AUDIO SYSTEMS

APPLICATION NOTE 133

Wireless audio systems are finding increasing use in

performances, as well as in communications equipment where
mobility is required. Designing such systems present a difficult

live

challenge: how to maintain adequate audio performance in view
of power supply and current consumption limitations. To reduce
transmission noise, the audio signal is usually compressed at
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APPLICATION NOTE 133

the transmitter and expanded at the receiver by using a tele-
communications industry-standard compandor IC, which has
marginal audio performance as measured by professional stan-
dards. This application note describes a companding system
utilizing the SSM-2120 Dynamic Range Processor which per-
mits considerable improvement over other techniques in terms
of noise, distortion, feedthrough, and other key audio criteria.

Transmitters are battery powered, and hence pose the most
severe constraints on-supply voltages and current consump-
tion. Receivers are often AC powered, so bipolar supplies are
more easily accommodated. Since the SSM-2120 requires split
supplies, a voltage doubler circuit is necessary for the transmit-
ter. In some cases, this may be considered unfeasible. In this
event, however, the SSM-2120 is still very useful in the receiver
expander circuit to complement any compressed signal, and
improve overall system performance. As a result, the compres-
sor and expander sections of this application can be considered
independent.

THE TRANSMITTER COMPRESSOR AND LIMITER
CIRCUITS

COMPRESSOR

The design described is intended for 9V . battery operation,
and includes a third order high-pass filter for the elimination of
subsonic noise and low frequency pops that would cause
compandor overload or mistracking.

Figure 1 shows the connection of the SSM-2120 (U,) VCA,,
rectifier, and control amplifier as a compressor. The VCA is
connected in the feedback loop of the preamplifier U, to control
the gain. The compressor is designed for a 2:1 compression
characteristic. If the input rises 6dB, the output level will rise
only 3dB. The gain compression expression is:
R, *R,
R, *R;

as long as the rectifier input currents are limited by R,, Ry
(10kQ) , and the rectifier has a ~10uA reference current. The
SSM-2120 rectifier and VCA have a dynamic range in excess of
100dB, resulting in exceptional tracking of the expander/com-
pressor in the compandor system. High quality capacitors and
resistors should be used to support the accuracy of the SSM-
2120 elements. The small-signal averaging time for a 10uF in-
tegration capacitoris 25ms. The attack time to 3dB of final value
is also about 26ms and is almost independent of signal level
increases for level changes in excess of +10dB. The decay rate
is 3ms per dB. The high-pass filter keeps frequencies below
90Hz from the input of the rectifier, reducing the low frequency
distortion caused by the VCA control circuit.

Gamreduction ratio

DC and high-frequency feedback are provided for U, without
sacrificing bandwidth or stability. The gain control is adjusted for
0dBu output with -50dBu applied to the microphone input
terminals. The VCA is signal inverting. Its output current is
summed, along with the microphone signal current, at the
(virtual ground) noninverting input of preamplifier SSM-2134,
U,. The 10kQ resistor at the input of the VCA limits the input

current, while the 2200pF, 47Q network provides frequency
compensation for the VCA, keeping it stable. )

The 100kQ resistor from V. to pin 10 of U, establishes the
operating current for the VCA. To minimize power supply
current, all pins of the unused VCA should be returned to
ground. The FEEDTHROUGH trim control is optional, and it can
be used to minimize the VCA control voltage from feeding
through to the output.

PROTECTION LIMITER

The limiter uses the second rectifier and control amplifier for
separate and independent attack and decay times, along with
a steeper gain reduction slope. The limiter threshold control
sets the predetermined gain limiting point for high input signal
levels. The gain reduction ratio is 4.6:1 as shown in Figure 1.
Typically the onset of gain limiting should be set to +10dBu at
the output.

As in the compressor control circuit, the rectifier input current is
limited by Ry, 10k, and the rectifier referenced to ~10pA as
well. Lower precision capacitors and resistors can be used
here. Similar to the compressor, the attack time is much faster
than the decay.

The VCA/Preamplifier was designed as a system. The VCAwas
put in the signal feedback loop of the preamplifier principally to
prevent preamplifier overload, while keeping the overall noise
low, and minimizing component count.

POWER SUPPLY

The application circuit requires two power supply voltages,
=9V, .. The power consumption, for the circuit shown in Figure
1, is less than 15mA from each supply. The design described
will operate properly with good dynamic range as the battery
voltage begins to fall below the nominal 9V ... Itis assumed that
two 9 volt batteries would be used, but for the smaller hand held
wireless microphones a single 9 volt battery would be required.
Figure 2 depicts a DC-to-DC converter that will supply the
-9Vye

Vee (+9Vpe)

VW 10

Vee (-9Voc)

1000uF

Uy
6| semesss 15V

I+ 330pF |
™ 1ov
’

AL

U, 555 TIMER IC

CKT GND

FIGURE 2: DC-to-DC Converter for +9V . to -9V, . at
15mA
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APPLICATION NOTE 133

The converter circuit incorporates an astable oscillator running
at 25kHz. It is followed by a capacitor-coupled level shifter and
rectifier with a filter. A SE/NES55 timer is used in the “output
sink” mode for maximum efficiency, and longest battery life.

THE RECEIVER EXPANDER SECTION

EXPANDER CONTROL
In Figure 3, the control connection of the SSM-2120 (U,) VCA,
rectifier, and control amplifier is shown. The control circuit
connection to the VCA produces a 1:2 gain expansion curve. If
the input rises 3dB, the output level will rise 6dB. The gain
expansion ratio expression is:

R,*R,

Ri*Ry
The rectifier input current is limited by a 10kQ2 resistor con-
nected to pin 9 of U,, and the rectifier is biased at 10uA current
through a 1.5MQ resistor connected to V.. The SSM-2120
rectifier and VCA each have a 100dB dynamic range, resulting
in accurate tracking of the compressor.

As with the compressor/limiter circuit, the small-signal averag-
ing time for a 10uF integration capacitor is 26ms. The attack
time to 3dB of final value is also about 26ms and is almost
independent of signal level increases for level changes in
excess of +10dB. The decay rate is 3ms per dB.

Gamexpansion ratio —

The control circuit gain values, as shown above, provide a
control voltage to the VCA section +V,, control port [U,, pin
5(19)], which resultin a 1:2 signal expansion characteristic. The
LEVEL control sets the initial overall gain value, and is adjust-
able from —10dB to +20dB.

EXPANDER AUDIO

Input amplifier U, is a buffer between the input signal source
(FM wireless receiver), the expander rectifier/control circuit,
and the VCA audio signal input. If the signal source output
impedance is below 100Q, U, can be omitted. The nominal
source signal level should be —10dBu. If signal gain or loss is
required, U, gain structure should be modified to provide
—10dBu to the VCA input current limiting resistor. The 37.4kQ
resistor ahead of the VCA input [pin 8,(16)] limits peak signal
currents to avoid VCA distortion. The VCA signal input(s) are
virtual ground current inputs. The 150kQ resistor connected to
V¢ and pin 10 of U, sets the VCA input/output current compli-
ance range. A VCA input shunting capacitor shown from U, pin
8(16) to ground minimizes signal distortion and keeps the VCA
stable by providing a high-frequency path to ground. The exact
value is determined empirically. The output of the VCA feeds a
virtual ground output amplifier, U,. The overall audio path is
signal noninverting, since the VCA is signal noninverting, and is
combined with two inverting amplifiers U, and U,,.

e
1t R, 100pF
AN = {
10k
150k
AN soka | 2210 srax0
22pF 10 s
AUDIO FROM _ (-10) 0% we
RECEIVER 10uF 37.4k0 8
6 AL AAA 100puF
I WF 1000  (0dBu NOM)
15v Ve
4710
v 1o0ka  AUDIO
2200pF T ¢s 7 outpPuT
= = 2210
243kQ 3 -
MA— T e |
VvV LEVEL | 19 1
FEED-THRU (-10) (+20)  301ka 10kQ | |
NULL +V,
POWER & GROUND CONNECTIONS Vee O—AAM—O Ve | ¢ |
FOR SSM-2120 soka |s o |
= —EXPANDER- | Ve !
21 CONTROL CIRCUIT |
Vec O—e—OV+ $22 I b 1
1 - I UNUSED PORTION SSM-2120 |
-VO———0V,, 10uF __| CAN BE USED FOR ANOTHER CHANNEL
W 0k 9 3 — |
M AAA |
W w12 14
U, U, - SSM-2134 15v | |
Uy: SSM-2120 L v
104F | ysmo | o -M—3 l
—VWA—0 Vee | |
O
it o __B_____ v

FIGURE 3: Expander Circuit for Receiver Processor
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APPLICATION NOTE 133

TABLE 1: Circuit Performance Specifications

Compressor/Limiter (Figure 1)

Input Voltage Range
(Nominal for 0dBu Out)

—65dBu to —40dBu

Compressor/Limiter Rectifier Type Averaging
Compressor Amplifier Class Feedback
Compressor Attack Time (to 3dB of Final Value) 26ms
Compressor Recovery Rate 3ms/dB
Feedthrough (Trimmed) —70dBV
Compressor Gain Reduction Ratio 2:1
Limiter Attack Time (to 3dB of Final Value) 13ms
Limiter Recovery Rate 1.5ms/dB
Limiter Gain Reduction Ratio 46t01
High-Pass Filer, Fc 90Hz
High-Pass Filter Type 3rd Order Butterworth
Frequency Response (90Hz to 20kHz) +0.5dB
S/N Ratio @ 0dB Gain 100dB
THD + Noise (% 1kHz to 20kHz) 0.05
IMD (% SMPTE 60Hz & 4kHz, 4:1) 0.05
Output Voltage Slew Rate 6V/ius
Power Supply, (Battery) 9Vp
Output Voltage (2kQ Load, £9V +15dBu
Expander (Figure 3)

Input Voltage Range (Nominal for 0dBu Out) —-10dBu
Expander Rectifier Type Averaging

Expander Amplifier Class Control Feed-Forward

Expander Attach Time (to 3dB of Final Value) 26ms
Expander Recovery Rate 3ms/dB
Feedthrough (Trimmed) -70dBV
Gain Expander Ratio 1:2
Frequency Response (20Hz to 20kHz) +1.0dB
S/N Ratio @ 0dB Gain (Dynamic Range) 100dB
THD + Noise (% 1kHz to 20kHz) 0.20%
IMD (% SMPTE 60Hz % 4kHz, 4:1) 0.25%
Output Voltage Slew Rate 6V/us
Power Supply 15V
Output Voltage (2kQ Load) +21dBu

AC coupling is not necessary but recommended. When the AC
coupling is combined with feedthrough trimming, most of the
unwanted sub-audible signals will be removed from the output
signal. The unused portion of U, (SSM-2120) can be utilized in
an identical second channel expander. The supply voltage
should be held at+15VDC to £18VDC, to provide good dynamic
range and circuit stability.
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APPLICATION NOTE 134

This application note describes an audio-signal activated mi-
crophone mixer, as shown, designed to accommodate eight
input channels. The SSM-2120 Dynamic Range Processor is
the nucleus of this design. The device includes two VCAs and
two rectifier and control amplifier circuits. The application is de-
signed for unattended microphone mixing functions, as would
be used in a conference room that required sound reinforce-
ment or conversation recording. The circuit provides automatic
and transparent channel ON/OFF operation. The audio output
automatically turns ON in less than 10ms and back OFF after 2
to 4 seconds of no audio. Each channel incorporates independ-
ent and automatic operation, with ON threshold sensitivity and
level adjustment (trim) controls.

THE MICROPHONE PREAMPLIFIER CIRCUIT

For optimum circuit performance, the nominal output level from
the microphone preamplifier or other audio source(s) should be
—10dBu. The —10dBu level allows the SSM-2120 to provide the
widest dynamic range and lowest noise, while optimizing the
headroom of the automatic switch and the microphone pream-
plifier.

THE AUDIO SWITCH

Each audio signal is switched ON and OFF by a VCA (voltage
controlled amplifier) element. By controlling the turn-ON and
turn-OFF ramp time, the VCA produces transient-free switch-
ing. No distortion or “pops” are introduced using this technique.
The turn-ON is ramped from a maximum of 90dB to 0dB
attenuation in approximately 30ms. With the complete removal
of the audio, the turn-OFF ramp of ~100ms will begin after
approximately three (3) seconds.

The VCA'’s input is a current input, virtual ground node. The
design shown in Figure 1 assumes that =15V, - will power the
system. With this supply voltage, the 37.4kQ input resistor(s)
will keep the VCA operating at the optimum distortion and
dynamic range. The 150kQ resistor connected from V,
(+15V ) to the reference current pin 10 of the 2120, sets the
VCA bias operating point. The VCA’s current output is then
connected to a voltage by a transimpedance amplifier using a
low noise SSM-2134 op amp. The VCA input(s) and output(s)
are capacitively coupled to remove DC components from previ-
ous stages.

THE CONTROL CIRCUIT

The input signal is rectified and averaged before it is filtered by
the integrator capacitor (10uF electrolytic). The small signal
averaging time constant with this capacitor is approximately
60ms. The attack time is 30ms to 3dB of the final level, and is
nearly independent of the magnitude of level increase. The
discharge time is controlled by the 3.3MQ resistor returned to
Vee (—15VDC), which also sets the rectifier reference current.

The control circuit amplifier has a voltage gain of 217. The
inverting input is used to set the ON/OFF threshold point too,
and allows for the ON Threshold level adjustment. The ON
Threshold range is adjustable from -40dBu to 0dBu as refer-
enced to the input of the VCA element. The control port +Vc of
the VCA is used so that a negative control voltage applied will
produce an attenuation effect. R, (221Q) and R (4.64kQ)
attenuate the control voltage by a factor of 22, resulting in a
maximum attenuation value of 80dB with no audio signal pres-
ent.

To minimize the effect of ON/OFF control voltage appearing in
the output signal of the VCA, the Feedthrough null control circuit
is recommended. It provides an external method for balancing
the internal VCA currents and component values.

THE OUTPUT SECTION

The design incorporates a virtual ground current summmg bus,
that is fed by the individual mixing channel level control(s) and
10.0kQ resistor(s). The Level control(s) provides 21dB attenu-
ation range (0dB to —21dB), and is designed to balance the
different inputs, but not turn them off fully. The 100kQ (linear
taper) level control(s), for a linear rotation produces a logarith-
mic attenuation curve.

The virtual ground summing amplifier establishes half of the
balanced output circuit, with another inverting amplifier com-
pleting the balanced output circuit. The circuit is able to drive
6002 loads to +24dBm levels with low distortion and high relia-
bility.
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FIGURE 1: Automatic Channel Activation Microphone Mixer Diagram lllustrates 8 Input Channels
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TABLE 1: Circuit Performance Specifications

Input Voltage, without Preamplifier,

(for +4dBu Out) -10dB
Input Impedance, Unbalanced ~1kQ
Headroom (Nominal for —10dBu In and Out) 32dB
Turn ON Time (to 3dB of Final Value) 30ms
Turn OFF Time (No Signal) ~3sec
Turn OFF Ramp Time 100ms
Feedthrough (Trimmed) >1mV

ON/OFF Threshold Range (Nominal)

0dBu to —40dBu

ON/OFF Gain Extent 0dB to -90dB
Frequency Response for +0.1dB 20Hz to 20kHz
S/N Ratio @ 0dB Gain 110dB
THD + Noise (from 20Hz to 20kHz) 0.005%
IMD (SMPTE 60Hz and 4kHz, 4:1) 0.02%
Output Voltage Slew Rate 12V/us
Rated Output Level (600Q Load) +24dBu
Output Impedance 68Q
Output Type Balanced
Power Supply Requirements =15V, . Regulated
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APPLICATION NOTE 135

The following application was written by Michael Morgan, a
consultant to PMI with extensive experience in the design of
professional audio equipment, including high-performance
dynamic range processors. While currently a freelance consult-
ant, Mr. Morgan spent nine years at Valley International as a
principal designer of their products.

This application note describes the configuration of a low cost,
high quality compressor with variable attack time and ratio
control using the SSM-2110 Level Detector and SSM-2014
VCA. The discussion begins with an overview of compressor/
limiter fundamentals, and is followed by a description of the
unique attributes of the integrated circuits and their implications
for the design engineer.

COMPRESSOR/LIMITER FUNDAMENTALS

The function of the audio compressor is, of course, to compress
the dynamic range of the processed audio signal by altering the
gain of its signal path in response to the relative level of the
signal as compared to an arbitrary setpoint called the threshold,
thus adding gain to low-level signals and reducing gain in the
presence of high-level signals.

An audio compressor consists primarily of two functional sec-
tions, one of which derives a control signal by measuring and
otherwise manipulating the audio signal to produce a voltage
suitable for the second functional section, which is the gain
control element. The gain control element is a device which can
alter its attenuation, gain, or resistance in response to an exter-
nal signal, such as a voltage or current.

The audio compressor differs from a similar device, called a
limiter, in that a compressor exhibits a rotation point which is
independent of its threshold setting. The rotation point is the
locus on a graph of the compressor’s transfer function at which
the gain control element exhibits unity gain, and through which
all lines derived from data describing the device's output level
as a function of input level will pass. A limiter, in the purest
sense, adds no gain and has no rotation point.

The compressor's ratio is defined as the increase in input level,
in decibels, above the threshold which will result in an increase
of output level equal to 1dB, and is a function of control circuitry
gain. For example, each increase of 1dB in signal level above
the threshold may cause a corresponding decrease in gain
equal to 1dB, thus keeping the output level constant for a ratio
of infinity:1, or it may cause a 1/2 dB decrease in gain, thus
allowing the output level to rise at a ratio of 2:1. A compressor
may have a very high ratio, and conversely, a limiter may have
a very low ratio.

SHAPING THE RESPONSE

Figures 1aand 1billustrate the transfer function of an ideal com-
pressor as the ratio is varied with a fixed threshold, and as the
threshold is varied with a fixed ratio, respectively. Note that in
both cases, the rotation point is easily identified at 0dB. Note
also that the compressor operates as a limiter when the thresh-
old is equalto, or higher than, the rotation point. For this reason,
the device described in this application note may be considered
as a “"compressor/limiter,” but because it possesses a rotation
point, we shall refer to the device as a compressor.
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FIGURE 1a: Output vs. Input Transfer Function of an Ideal
Compressor
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Audio compressors use two types of circuit topologies. In a
feedback, or closed-loop configuration, the control signal is
derived by measuring the output level of the gain control ele-
ment. In a feedforward, or open-loop configuration, the control
signal is derived by measuring the level of audio present at the
input of the gain control device. Each topology has its typical
advantages and disadvantages. The most common type of
audio compressor uses the feedback topology. Among its
advantages are: low parts cost; ease of configuration; ability to
use simple, “linear” control circuitry and gain control elements.
The disadvantages of the feedback topology are numerous:
inability to realize continuously variable parameters accurately;
heavy dependence upon circuit trimming to assure consistency
in performance from unit to unit; tendency toward overshoot in
either control signal or processed signal; virtual inability to con-
figure circuitry for performing arbitrary dynamic functions, such
as program control of release times, equalized sidechain func-
tions, and interactive processing having more than one control
function per gain control element.

The feedforward topology has long been considered by equip-
ment designers to be the more versatile method of configuring
audio dynamics processors. Among its advantages are: precise
control of dynamics; ability to accurately and continuously vary
processor parameters, such as ratio and attack-and-release
time constants; easy circuit trimming for unit-to-unit consis-
tency; possibility to realize arbitrary types of dynamics altera-
tion; ease in configuration of interactive processing schemes
using multiple control signals to operate a single gain control
element; and relative freedom from control and signal over-
shoot. The disadvantages of feedforward topology have tradi-
tionally been: dependence upon relatively expensive and little
understood logarithmic circuitry in configuration; difficulty in
sourcing high-quality, low cost log/linear multipliers (dB/volt
VCAs); dependence upon expensive log/RMS detection
schemes to achieve the required accuracy for wide range of
control.

By using integrated building blocks, feedforward control tech-
nology can be realized by equipment designers by virtue of their
ease of application and low cost. These readily available inte-
grated circuits deliver performance equal to or surpassing
complicated discrete circuits, and are more cost effective for
general use by equipment manufacturers.

THE SSM-2110 MONOLITHIC LEVEL DETECTOR

The SSM-2110 level detector IC represents a significant ad-
vancement in low cost, high quality converter circuitry. The
device greatly simplifies the design of feedforward dynamic
processors since it produces an accurate output that is propor-
tional to the log of the absolute value of its input, and the log of
the rms value of its input, in addition to the corresponding linear
values. Such versatility is unique among detector/converter
configurations.

VARIABLE TIME INTEGRATOR

In this application, the SSM-2110 is used in the design of a
feedforward compressor. The log of the absolute value of the
input signal is extracted, then integrated by a E/l x C circuit
which corresponds roughly to an RC network in the linear
domain (see Figure 2).

v
ce | SSM-2110
I
<
rer | SR 1 =
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- <
PIN2
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" . AV
'aer lner’
—- aq, Q -
Va2 Ves
R R ==c

FIGURE 2: Simplified Schematic of a Variable Time Con-
stant Log of Average Integrator Using the SSM-2110

The product of this operation is not, as one would expect, the av-
erage of the log of the absolute input value. During the integra-
tion process achieved by charging the integrator capacitor, C,
the charging current is proportional to the antilog of the voltage
appearing at the base of Q, . Since the voltage atthe base of Q,
represents the log of the absolute value of the input, the log and
anti-log terms cancel, thus leaving C to charge as a linear inte-
grator with a current proportional to the absolute value of the
input until the voltage across C approaches the voltage at the
emitter of Q,. In this manner, the order of the logging and
averaging operations are reversed. This is a very important
phenomenon which directly influences the audibility of the com-
pression process, and will be discussed at length later.

The integration time of the circuit in Figure 2 is varied by chang-
ing the current through the collector of Q,. This is accomplished
by means of the multiplier circuit consisting of the operational
amplifier, transistors Q, and Q,, and their associated resistors.

Current I is forced to flow through the collector of Q,. The
V,, of Q, Iis thus made to be proportional to the log of I by
virtue of the silicon transistor's intrinsic logarithmic property,
idealized in the equation:

Vpo = KT/q x In(l /1) where

k = Boltzman'’s constant (1.38 x 10~23J/K)

T = Temperature in Kelvins

q = Charge on an electron (1.60 x 1071°C)

I, = Collector current

I, = Reverse saturation current (extrapolated as V, - 0)
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When transistors Q, and Q, are closely matched, V,  of Q,,
which appears also at Q,'s emitter, causes a current equalto |,
of Q, to flow through the collector of Q,. This transistor collector
current, |, may be used to charge or discharge a capacitor,
to cause a voltage drop across a resistor, or may be converted
to a voltage at the output of an operational amplifier. The collec-
tor current of Q, may be varied by applying a voltage at the
bases of Q, or Q,, or both bases simultaneously. As a rule of
thumb, at 25°C, each 60mV change in V, will cause a corre-

- sponding ten-fold change in Q,'s | . By using the “shorthand” log
relationship for gain in which a ten-fold change in voltage (or
current) equals 20dB, we can say that the collector current of Q,
can be made to vary antilogarithmically at a rate of 1 dB/3mV
(20dB/60mV). In effect, the circuit generates a voltage at the
emitter of Q, which corresponds to the log of the input current,
lnep @dds the control voltage, then generates a current at the
collector of Q, which is proportional to the antilog of the sum.
Thus the portion of the circuit formed by the operational ampli-
fier, Q,, Q,, and their associated passive components form a
two-quadrant multiplier whose output is a high compliance
current sink.

A positive voltage applied to the base of Q, will cause a corre-
sponding decrease in Q,'s collector current, while a positive
voltage applied to the base of Q, has the opposite effect, caus-
ing an increase in |, of Q,. Both bases may be controlled by
bipolar voltages, but I . must flow in the direction indicated by
conventional current flow through the transistors (must be
sourced from a voltage more positive than the noninverting input
of the operational amplifier for NPN transistors).

In operation, varying the current which discharges C also
causes a varying offset voltage at the collector of Q, which
equals the change in V,, and must be compensated for in order
to derive a useful control voltage. Figure 3 shows the response
to a +10 volt pulse input having a repetition frequency of ap-
proximately 4 pps and a duty cycle of 50%. Note that the X-axis
corresponds also to increasing integration time (decreasing |,

of Q). Theillustration is a composite of several sampled wave-
forms, thus, scalar references in the X-axis are valid only for
each pulse.

As can be seen in Figure 3, in the log average detection mode,
the response of the device to large level changes is relatively
fast, while the last 50 to 100mV of change occurs at the charac-
teristic integration time determined by the status of the charge
on the capacitor, C, as it is discharged by the collector current
of Q,. As the voltage across C approaches the voltage at the
emitter of Q,, the transistor behaves less as an antilog element,

and more as a linear resistance proportional to V, /I .

These attributes determine the detector circuit's response to
complex waveforms, and directly affect the audibility of the com-
pression process. Consider the following explanation: Humans
respond to changes in audio signal level by perceiving volume
as being proportionalto the log of the acoustic power emitted by
a source, thus the human listener perceives a source emitting
10 watts of “sound,” (if the reader will permit such simplifica-
tions) to be roughly twice as loud as the same source emitting
only 1 watt. This implies that one should be able to control audio
levels logarithmically for a natural “sound” in the processed
output. That is generally the case, but the principle does not
extend, in a strict sense, to the control of a compressor.

If one accepts the premise that the most common uses of the
audio compressor are to enhance the “loudness” of the proc-
essed material, or to “level” the apparent volume of the proc-
essed material, one should be aware of the effect of waveform
complexity upon perceived loudness. A simple example is found
in the case of a musician playing an instrument: when called
upon to perform a solo, in order to “stand out” from the back-
ground music, the instrumentalist produces more complex
sounds, in addition to producing sounds at a higher relative
level. The increase in complexity provides a psychoacoustic
“cue” which translates to the human-listener as increased per-
ceived loudness. '
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FIGURE 3: Output Voltage Response of the Variable Time Constant Log of Average Integrator to a LF Square Wave Input
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During the compression process, if the detector circuitry pro-
duces a signal which calls for more gain reduction in response
to the added harmonics in a sound which cause an increase in
complexity, the gain control element will comply, thus making a
solo instrumental exit the compressor at a lower level, foiling the
intent of the performer. This is precisely what happens when
using RMS detection — the detector circuit (correctly) assesses
the increased complexity as an increase in sound energy, and
calls for gain reduction.

The log averaging detector is relatively insensitive to increases
in waveform complexity, and "ignores” the loudness cue thus
provided. As aresult, acomplex waveform exits the compressor
at a slightly higher level than it would if under the control of an
rms detector. This rather unique “quirk” found in the log averag-
ing process allows a solo instrumental or vocal to stand out in
the processed signal, thus preserving the intent of the per-
former.

As alog averaging detector, the SSM-2110 exhibits remarkably
little departure from an idealized log curve representing its input
level throughout the entire range of the adjustable integration
time, and offers superior performance to the equipment de-
signer in this type of application. In addition, at higher input
levels, the device does not compress the waveform at its output,
thus under-reading the input value. In fact, the detector exhibits
a gentle and quite predictable deviation from log conformity at
high input current levels which results in the addition of a linear
errorterm. This causes a slight over-reading of the input, and is
quite useful for aficionados of “soft knee” limiting. It is unlikely
that any real compressor design would require so wide a range
of operation that this deviation might pose a problem (> 60 dB),
but since the error term is so predictable and consistent, it can
easily be corrected elsewhere in the control circuitry if neces-
sary.

THE COMPRESSOR CONTROL CIRCUIT

Figure 4 illustrates a compressor control circuit incorporating
the SSM-2110 as the detector element. Because the tempera-
ture compensation characteristics of the log recovery amplifier
are not required in this application (control of a VCA having a
complementary control sensitivity temperature coefficient) and
to eliminate trimming of scale factor on a unit by unit basis, the
log recovery amplifier is disabled by connecting its inputs to the
IC's V¢ output. This step is necessary for proper operation of
the IC when the log recovery amplifier is not used. The log
recovery transistor is not used since offset is not a real concern
in this circuit configuration.

The amplifier in the audio signal path, A,, should be of a high
quality, low noise type such as the SSM-2134. The remaining
amplifiers may be general purpose types, preferably having
FET input stages to minimize the effects of input bias currents
on the accuracy of the multiplier circuits.

Amplifier A,, and the SSM-2210 matched transistor pair Q, ./
Q, , form the voltage-controlled current sink for the variable log
averaging integrator. Amplifier A, boosts the output of the inte-
grator to a usable level by increasing the nominal 6mV/dB scale
factor of the signal at pin 2 to 1V/20dB, or 1V per decade. An

offset corresponding to the change in voltage at pin 2 which
results from varying the integration time is applied via R, ,.
Variable resistor VR, allows the adjustment of the compressor’s
rotation point, or that input level at which the output of A, will
be OV.

A pair of matching two-quadrant multipliers, which are config-
ured using amplifiers A; and A, along with a four-transistor
array Q, (MAT-04), allow adjustment of the compressor’s ratio
and adds sulfficient gain as a function of both the threshold
setting from VFi4 and A, and the ratio, as determined by VR3
and A, to maintain the compressor’s rotation point. Amplifier A,
converts the current output of the ratio multiplier from Q, into
a voltage which charges the holding capacitor C; via Q,, to a
voltage corresponding to the amount of gain reduction required
of the VCA. Amplifier A,, converts the current output of the
maintenance gain multiplier from Q,_ into a voltage correspond-
ing to the quiescent gain required 7or the VCA to maintain the
compressor rotation point, and adds or reduces gain at the VCA
in response to the output gain control VR,.

The release current sink is formed by amplifier A, , and two
sections of monolithic transistor array Q,. Compensation for
Ve of Q,,, and for the quiescent change of voltage across C,
caused by varying the release current through Q, . are applied
viaR,, to A,

Amplifier Ay and diode D, form a precision half-wave rectifier
whose output is a positive voltage equal to the gain reduction
signal. This point may also source a gain reduction indicator
with intrinsic scaling of +1V = —20dB. Since metering is a matter
of preference for the design engineer, no attempt has been
made to include a gain reduction indicator as part of this circuit
discussion.

Since it is possible for the inputs of both A; and A, to be nega-
tive voltages, it is wise to include germanium diodes D, and D,
to prevent forward conduction of the internal base to emitter pro-
tective diodes in the MAT-04, thus eliminating the possibility of
reverse leakage coupling between the multipliers. The exis-
tence of these diodes also prevents application of the MAT-04
as the charging transdiode Q,_, since a voltage more negative
than that across C, will frequently be present at the emitter of
Q,.

Amplifier A, , outputs the algebraic sum of the various gain con-
trol signals for application to the compressor VCA section which
will be described next.

Selection of the internal scale factor at 1V/decade, and inclu-
sion of the =7.5V “math rail” are arbitrary choices made by the
author in order to accommodate the use of the variable integra-
tor, and to skew the control markings on the front panel controls,
indicated by the enclosed names associated with those variable
resistor potentiometers. Placing the rotation point, as deter-
mined by R,, atthe nominal operating line level, e.g., +4dB, etc.,
minimizes the effects of errors caused by the uncompensated
temperature coefficient of the ratio multiplier, and any minor
deviations in log conformity inherent in the detector circuitry or
VCA sections of the compressor.
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FIGURE 5: VCA, Math Rail Regulator and-Line Driver Schematic

THE VCA SECTION .

Figure 5 shows the VCA section of the compressor using the
SSM-2014. The device is configured as an “outboard QVCE” in
accordance with the literature supplied with the IC. Amplifiers
A 4 A5 A and A, should be high quality, low noise op amps
such as the SSM-2134. A,, and A, provide the necessary
feedback and output buffers for this particular circuit. Resistive
voltage divider R, /R, , reduces the OVCE control port sensitiv-
ity to +1V/20dB attenuation to match the scale factor of the

control circuitry. Variable resistor Ry is adjusted for lowest

_distortion products, preferrably at unity gain with a high level

input. Ry is adjusted by applying a low frequency (<50Hz) signal
at about 2Vp-p to pin 11, and setting for least low frequency
output at A, under a no-input signal or shorted-input condition.
The stability of both these trims will be a welcomed surprise to
the designer used to dealing with log/antilog VCAs.

A “quasi-balanced” line driver, consisting of A, ¢, A, ,, and their
associated passive components, completes the compressor
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APPLICATION NOTE 135

circuitry. The unit is capable of driving a 600Q load at a sus-
tained output level of +21dBm, and has a maximum output of
+26dBm.

The SSM-2014 provides the designer a degree of flexibility in
configuration which is not easily available using other VCA
topologies. Chief among its attributes is the ability to select the
operating bias current by applying currentto a single portonthe
chip. This allows the user to select an operating point which is
optimized for best noise performance vs. distortion for a given
application.

Inconsidering the normal operation of the compressor, the most
common scenario is that the unit is used to “track” instruments
or vocals. Of secondary, but no less important, concern is use
for compressing mixed program material to enhance apparent
loudness. In both applications, the trade-off between the resid-
ual noise floor and distortion at high-signal levels, both a func-
tion of operating bias, is somewhat arbitrary. Since it is likely
that the dynamic distortion inherent in the compression process
in normal operation would be at least equally as noticeable as
moderate distortion at high-signal levels, the “intermediate” bias
setting as described in the literature accompanying the device
was chosen. This places the device bias at approximately
300pA, with a value of 43kQ for R,,. As aresult, the noise floor
for the VCA circuit is —84dB (ref. 0.775Vp,,) in a 20 kHz band-
width at 0dB gain. The 1kHz THD+Noise measurements yielded
figures consistent with the published data, and SMPTE IMD
measurements disclosed worst-case distortion products in the
0.2% range, which is acceptable in all but the most critical ap-

plications. Should the designer wish to implement the sliding.

bias scheme, as described SSM-2014 data sheet, the output of
the absolute value at pin 1 of the SSM-2110 (see Figure 4), or
the rms computing loop (pin 5) may be used to drive a compara-
tor with the appropriate time constants in order to switch to class
A operation in the presence of high level inputs. In practice, this
makes little difference in the transparency of the compressor in
normal operation. Listening tests of the compressor demon-
strated the smooth, precise control expected of the feedforward
circuit topology. As the attack time (integration time) control is
advanced from fast to slow settings, the low frequency content
in mixed material becomes more solid and better defined, but
the tendency to “squash” the lows is relatively absent at faster
attack times as compared to other compressors having adjust-
able attack times with comparable settings.

The log averaging detector scheme really shines on vocals and
horns, bringing a soloist “up-front” with moderate attack times.
Thisis a noticeable difference when compared to any RMS-type
compressor used for comparison in the listening tests.

ADJUSTING FOR BEST PERFORMANCE

As in any compressor or limiter whose ratio must be trimmed in
its initial setup (see Figure 4, VRy), the unit is sensitive to incor-
rect adjustment. One of the most distressing sounds which can
be produced by a compressor is “over-compression,” in which
the control circuitry causes too much gain reduction at high
ratios. For this reason, the compressor ratio trim should be set
with the Threshold control at 0dB (OV at the wiper of VR,), and
with an input of +20dB, the trim should be adjusted so that with

the Attack, Release, and Output gain controls centered, the
maximum Ratio setting, fully clockwise, produces an output
level equal to or slightly greater than the rotation point.

When laying out circuitry using the SSM-2014 and SSM-2110,
care should be taken to keep traces to virtual grounds as short
as possible, and a single point audio ground should be used.
The control ground should connect to the audio ground at one
point, pin 4 of the SSM-2110, and supply traces should be
heavily decoupled with high quality capacitors. Traces carrying
audio signal should be kept well away from control circuitry, and
the detector IC and VCA should be located away from heat
sources such as regulators or power supply transformers.

Since all parameter control is derived from DC levels produced
by the front panel controls, high quality potentiometers need not
be used. All the front panel control scales may be marked in
equal intervals, and follow the antilog law, i.e., equal spacing
per dB of gain or threshold setting, equal spacing per decade of
attack and release times, etc. The sole. exception is the ratio
control, whose scale is skewed so that 2:1 appears near the
middle of the control, as one normally would expect of a tradi-
tional feedback compressor.

The compressor control circuit described in this application note
was configured using only four quad op amps in addition to the
SSM-2110 and three matched transistor arrays. By providing
the basic building blocks for an audio dynamic range processor
in monolithic form, the SSM audio chip set greatly simplifies the
implementation of an otherwise complex processor.

MEASURED PERFORMANCE:

SMPTE IMD @ Unity Gain, 0dBv in 0.009%
SMPTE IMD @ Unity Gain, +20dBv in 0.11%
SMPTE IMD @ 20dB Gain Reduction, 0dBv in 0.06%
SMPTE IMD @ 20dB Gain Reduction, +20dBv in 0.025%
Residual Noise and Hum @ Unity Gain, 20kHz BW -84dBv
Maximum Output Level into 6000, Balanced +21dBm
Maximum Input Level Before Clipping +21dBv
Usable Dynamic Range, Unweighted in 20kHz BW 103dB
Threshold Range Ref. Rotation Point —40 to +20dB
Useful Range of Rotation on Point Adj. —10 to +4dBv
Nominal Attack (Integration) Time Range 0.02 to 200ms
Nominal Range of Ratio Adjustment 1.3:1 to 20:1
Range of Release Time Adjustment 0.05 to 5s/20dB
Range of Output Gain Adjustment —20 to +20dB

NOTE: 0dBv refers to 0.775 VRMS
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PMI o SL27 PACKAGING AND

e  ORDERING INFORMATION

Precision Monolithics Inc.

PACKAGING

All PMI SSM Audio Products are offered in plastic DIP packages (P-suffix), and many new products are
also available in a small outline surface mount package (S-suffix). Please refer to the individual data sheet
for specific package options.

The 1990 PMI data book contains dimensions of the available packages.

ORDERING

SSM Audio Products are available from over 400 PMI stocking distributor locations worldwide. Contact your
local PMI Sales Office or representative for ordering information.

SSM PART NUMBERING SYSTEM SSM DEVICE MARKING

Prefix

PART NUMBER

Product Ty pe MASK WORK REGISTRATION

(WHEN APPLICABLE)

Packaging Suffix
oy 18T T BIGITS - YEAR
ORIENTATION LAST TWO DIGITS - WEEK

SSM 2013 P
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AUDIO APPLICATIONS

Precision Monolithics Inc.

DIGITAL-TO-ANALOG CONVERTERS
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DAC-8228

Dual 8-Bit CMOS
D/A Converter with Voltage Output

Features

Two 8-Bit DACs in a Single Chip
Adjustment-Free Internal CMOS Amplifiers
Fits AD/PM-7528 and AD/PM-7628 Sockets
Single or Dual Supply Operation

TTL Compatible Over Full V, Range

5us Settling Time

Fast Interface Timing . . . t = 50ns
Improved Resistance to ESD

Available in Small Outline Package

—40°C to +85°C for the Extended Industrial
Temperature Range

DAC-8426

Quad 8-Bit DAC
with 10 Volt Reference

Features

« Fits AD7226 Sockets

* +1/2 LSB Maximum INL and DNL

» Space Saving 20-Pin 0.3" Wide DIP Package

DAC-8800
Octal 8-Bit CMOS TrimDAC™

Features

» Excellent for General Purpose Voltage
Adjustment/Level Setting Applications

» +1/2 LSB Relative Accuracy

« TTL Compatible, Serial Input

* 4us Settling Time
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DIGITAL-TO-ANALOG CONVERTERS

Advance Information

. DAC-8840
Functional Dlagram‘ 8-BIT Octal
4-Quadrant, CMOS
Vina Multiplying TrimDAC™
DAC-
8840 ) \ Features ‘
. \ + Replaces 8 Potentiometers
Voo 01 DECODED ADDRE! 8xs N I by F—oVoura « 0.5% Total Harmonic Distortion
5 7 II (E'_’ / . » 1MHz 4-Quadrant Multiplying Bandwidth
oo | - AP . + No Signal Inversion :
DAGRESISTER . . « Eight Individual Gain-Controlled Channels
DATA . » 3-Wire Serial Input
s 5 ] o + Low Cost
o SERIAL s oACH Vourn + %3 Volt Minimum Output Swing
e L/ + Mid-Scale Preset, V; = 0V
| * 24-Pin 0.3" DIP and SOL-24 Packages
CLK 0—
DGND V$ séo PRESET
Functional Diagram DAC-8043
12-Bit Serial Input
2 on,, Multiplying CMOS D/A Converter
Vegr 01 oz :n\ Ars |3 Olous in-an 8-P|nM|n|-D|P

Features

12-Bit Accuracy in an 8-Pin Mini-DIP
Fast Serial Data Input

Low +1/2 LSB Max INL and DNL
Max Gain Error: +1 LSB

Low 5ppm/°C Max Tempco

ESD Resistant

Low Cost

—40°C to +85°C for the Extended
Industrial Temperature Range
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Functional Diagram

DAC-8143
‘{i;m 12-Bit Serial Daisy-Chain
1 . CMOS D/A Converter
DAC-8143 o

; Features
v, 15 12.8I7 [0 loum . R L
ReF D/A CONVERTER 12 5 loure » Fast, Flexible, Microprocessor Interfacing in

3 o ronn Serially-Controlled Systems
. [ « Buffered Digital Output-Pin for Daisy-Chaining
e DAC REGISTER Multiple DACs
Bz0—2 LOR? « Minimizes Address-Decoding in Multiple DAC
paky - 11 Systems — Three Wire Interface for Any Number
578,012 oL f DAC
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smo_? SHIFTREGISTER 5 osmo One Data Line
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12
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DIGITAL-TO-ANALOG CONVERTER SELECTION GUIDE

DIGITAL-TO-ANALOG CONVERTER ranges, and some which have become industry
SELECTION GUIDE standards. The D/A converters have been
PM! offers a complete line of digital-to-analog arranged in the se!ector guide by resolution. 6-bit
converters (DACs), all of which are guaranteed to through 16-bit devices are sorted by number of
be monotonic over their operating temperature D/A converters per package.
D/A CONVERTERS
Power
Resolution Settling DACs/ DAC Dissipation
Product (Bits) Time Package Output (mW) Digital Interface
*DAC-01 6 3us 1 \ 250 6-Bit
PM-7224 8 5us 1 \ 60 Latched 8-Bit
PM-7524 8 200ns 1 | 5 Latched 2-Digit BCD
DAC-08 8 135ns 1 | 136 8-Bit
DAC-108 8 20ns 1 | 136 8-Bit
DAC-888 8 400ns 1 | 190 Latched 8-Bit
*DAC-1408A 8 250ns 1 | 265 8-Bit
*DAC-1508A 8 250ns 1 | 265 8-Bit
DAC-20 8 150ns 1 I 194 2-Digit BCD
DAC-8228 8 5us 2 \ 165 Latched 8-Bit
DAC-8229 8 5us 2 \ 165 Latched 8-Bit
PM-7528 8 350ns 2 | 5 Latched 8-Bit
PM-7628 8 200ns 2 | 5 Latched 8-Bit
DAC-8408 8 250ns 4 | 5 8-Bit w/ Readback
PM-7226 8 5us 4 \ 250 Latched 8-Bit
DAC-8426 8 5us 4 \Y 250 Latched 8-Bit
PM-7228 . 8 - 5us 8 \Y 430 Latched 8-Bit
DAC-8800 8 2us 8 \ 25 Latched Serial
DAC-8840 8 4us 8 \Y 150 Latched Serial

*Not recommended for new designs.

219



OTHER PMI PRODUCTS FOR AUDIO APPLICATIONS
DIGITAL-TO-ANALOG CONVERTER SELECTION GUIDE

D/A CONVERTERS
Power
Resolution Settling DACs/ DAC Dissipation

Product (Bits) Time Package Output (mW) Digital Interface
PM-7533 10 600ns 1 I 30 10-Bit

*DAC-02 10 + Sign 2us 1 \ 350 10-Bit

*DAC-03 10 + Sign 2us 1 \ 350 10-Bit

*DAC-05 10 + Sign 2us 1 \ 350 10-Bit
DAC-06 10 + Sign 1.5us 1 \ 300 10-Bit
DAC-10 10 150ns 1 | 285 10-Bit
DAC-86 10 500ns 1 I 207 Chord + Step
DAC-88 10 500ns 1 | 262 Chord + Step, pu Law
DAC-89 10 500ns 1 | 263 Chord + Step, A Law
DAC-100 10 300ns 1 | 250 10-Bit
DAC-210 10 + Sign 1.5us 1 \ 315 10-Bit + Sign
DAC-401 10 2ns, 400MHz 1 \ 450 Latched 10-Bit
DAC-8012 12 1us 1 | 10 12-Bit w/ Readback
DAC-8043 12 1us 1 | 10 Latched Serial Daisy
DAC-8143 12 ius 1 I 10 Latched Serial Daisy
PM-7541 12 1us 1 I 10 12-Bit
PM-7541A 12 1us 1 I 10 12-Bit
PM-7542 12 1us 1 | 10 Latched 4-Bit
PM-7543 12 1us 1 I 10 Latched Serial
PM-7545 12 1us 1 | 10 Latched 12-Bit
PM-7548 12 1us 1 | 10 Latched 8-Bit
PM-7645 12 ius 1 I 10 Latched 12-Bit
DAC-312 12 500ns 1 I 305 12-Bit
PM-562 12 1.5us 1 | 465 12-Bit
DAC-8212 12 1us 2 I 10 Latched 12-Bit
DAC-8221 12 1us 2 I 10 Latched 12-Bit
DAC-8222 12 1us 2 I 10 12-Bit Double-Buffered
DAC-8248 12 1us 2 | 10 8-Bit Double-Buffered
DAC-8412 12 20us 4 Vv 180 12-Bit w/ Readback
DAC-16t 16 650ns 1 \Y 200 16-Bit

* Not recommended for new designs.
T Advance information - check factory for availability.
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OPERATIONAL AMPLIFIERS

Precision, Low Noise
OP-27, OP-270, OP-470

OP-27 OP-270 OP-470

Single Dual Quad
Extremely Low Noise (@ 1kHz) 3.8nV/V/Hz 5nV/vV/Hz  5nV/V/Hz Max
Very Low Offset Voltage 25pV 75nV 4o00pV Max
Slew Rate 2.8Vius 2.4V/us 2Vius Typ
Gain-Bandwidth 8MHz 5MHz 6MHz Typ
. The OP-27, OP-270 (dual), and OP-470 (quad) feature low noise with

excellent DC performance. Each device is unity-gain stable. Supply current for
the OP-270 and OP-470 is unusually low for low noise amplifiers, running at
2.25mA typically per amplifier. The excellent AC matching between amplifiers
makes them ideal for matched gain stages, audio amplifiers, and active filters.
The low offset, high CMR and PSR are especially useful in low noise
instrumentation amplifiers.

Precision, Low Noise, Fast
OP-37, OP-271, OP-471

OP-37 OP-271 OP-471

Single Dual Quad
High Gain-Bandwidth 63MHz 5MHz 6MHz Typ
(Ayc125)
Excellent Slew Rate 17Vius 7Vius 8V/ius Typ
Low Noise (@ 1kHz) 3nV/VYHz 8nVAWHz  7nV/vVHz Typ

Low Offset Voltage 25pV 200pV 8oouV Max

The OP-37 has very good gain-bandwidth performance and is stable for gains
of five and above. The OP-271 (dual) and OP-471 (quad) are unity-gain stable.

Wide Bandwidth, Low Noise, Precision

OP-61
High GBW (A) 2 10) oo 200MHz Typ
Low Voltage NoiS€........ccvereveerrerrenn. 3.4nVVHz @ 1kHz Typ
Low Offset Voltage .... ....500pV Max
High Slew Rate ......c.cccoeveievenrerinreneee e seeaeeseenaene 45Vius  Typ
Fast Settling ......ccoeceeeievnececeneeeeieceene 300ns to 0.01% Typ
High Gain ...ccoeeerevereecccireceerenee e 475V/mV  Typ

The OP-61 offers an outstanding combination of high speed and low noise with
DC precision to meet the demands of today's high performance equipment.

A very high gain-bandwidth product of 200MHz (A, > 10) and a fast 45V/us
slew rate are achieved with only 7.5mA supply current.

The OP-61 is available in 8-pin plastic DIP-and 8-pin small outline (SO)
packages, with guaranteed operation over the —40°C to +85°C temperature
range.

Also available in MIL temp and LCC packages.

221



,

OTHER PMI PRODUCTS FOR AUDIO APPLICATIONS

OPERATIONAL AMPLIFIERS

Dual High-Speed JFET Input
OP-249

Fast Slew Rate........cccccvevrnennee ...22Vius Typ
Fast Settling .....ccccoeeveciinnnccrciciciccne, 900ns to 0.01% Typ
Low Offset Voltage .........coeeeveeneneiienrenineenecnecnneennns 300uV Max
High Open-Loop Gain.. ...1,000V/mV. Min
LOW THD it ersrenene e neneseenes 0.002% Typ

This high-precision dual features high slew rate, excellent DC performance and
very low cost. Specifications include a maximum long term limit for input offset
voltage, a first for JFET input amplifiers.

The OP-249 is available in an 8-pin plastic DIP with guaranteed operation over
the —40°C to +85°C temperature range. Also available in military versions.

Matched Monolithic Quad NPN Transistor

MAT-04
Low Noise Voltage @ 100Hz, 1mA ........cccc.cucee. 2.5nVAV/'Hz Max
High-Current Gain .........occovvveseveevenenensisnesessesssnsssnees 400 Min

Gain-Bandwidth Product ........ ...300MHz Typ
Excellent Log Conformance .. .fgg = 0.6Q Max
Very Low Offset Voltage ........cccecuveeenvevinveneceeveceennes 200pV  Max
Matching Guaranteed for All Transistors

The MAT-04 is a quad monolithic NPN transistor that offers excellent
parametric matching for non-linear circuit applications. Performance
characteristics of the MAT-04 include&@_h gain of 400 (Min) over a wide range
of collector current; low noise (2.5nV/v'Hz Max at 100Hz, I, = 1mA); and
excellent logarithmic conformance. The MAT-04 also features a low offset
voltage of 200uV and tight current gain matching to within 2%.

The MAT-04 is an ideal choice in applications where low noise and high gain
are required.

Other Products from PMI:
+ High-Speed Operational Amplifiers
+ Low Power/Micropower Operational Amplifiers
» High Accuracy Instrumentation Amplifiers
» High-Speed Buffers
+ Data Conversion Products
» Voltage Comparators
+ Precision Voltage References
+ Analog Switches and Multiplexers
+ Sample-and-Hold Amplifiers
» Precision Matched Transistors
» Communication Products
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PMI HIGHLIGHTS FROM
’ PMI'S 1990 DATA BOOK

Precision Monolithics Inc. -

Ower 1,800 Pages Of Products For The Analog Designer!

Covers instrumentations, data

acquisition, process control, telecom, Table of Contents 1la
and audio applications.
Applications Subject Index 1b
A comprehensive directory of Ordermg Information 2
direct and functional Product Assurance Program 3
equivalent products.
Industry Cross Reference 4
Operational Amplifiers/Buffers 5
Instrumentation Amplifiers 6
Contains definitions, selection R
principles, AC & DC considerations, SSM Audio Products 7
and Selection Guide based on
12 parameters. Voltage Comparators 8
Matched Transistors 9
Voltage References 10
Digital-to-Analog Converters 11
Contains definitions and Analog-to-Digital Converters 12
DC error calculations for standard
inverting and noninverting Analog Switches/Multiplexers 13
configurations.
Sample-and-Hold Amplifiers/Special Functions 14
Communications Products 15
Package Information 16
Sales Offices, Representatives and Distributors 17

For your copy, contact your local PMI sales office, representative, or distributor.
Also, ask about PMI's Precision Decisions catalog-on-a-disk.
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PMI reserves the right to make changes to the product in this data
book to improve performance, reliability, or manufacturability. Conse-
quently, contact PMI for the latest available specifications and per-
formance data.

Although every effort has been made to ensure accuracy of the
information contained in this data book, PMI assumes no responsibil-
ity for inadvertent errors.

PMI assumes no responsibility for the use of any circuits described
herein and makes no representation that they are free of patent
infringement.

The products in this catalog may be manufactured under one or more
of the following patents: 4,055,773; 4,056,740; 4,068,254; 4,088,905;
4,092,639; 4,109,215; 4,118,699; 4,131,884, 4,138,671, 4,142,117,
4,168,528, 4,210,830; 4,228,367; 4,260,911; 4,272,656, 4,285,051;
4,333,047; 4,340,851;4,374,335; 4,404,529; 4,444,309; 4,449,067,
4,454,413; 4,471,320, 4,471,321, 4,503,381, 4,538,115, 4,542,349;
4,560,947; 4,572,975, 4,583,051; 4,633,165; 4,675,561, 4,677,369;
4,683,423; 4,687,984; 4,737,281, 4,757,274, other patents pending.

Publication Team

Precision Monolithics Inc.
Life Support and Nuclear Facility Applications Policy

As a general policy, Precision Monolithics Inc. (PMI) does not recom-
mend the use of any of its products in (a) life support (i.e., critical
medical) applications where failure or malfunction of the PMI product
can be reasonably expected to cause failure of the life support device
or to significantly affect its safety or effectiveness, or (b) any nuclear
facility applications. PMI will not knowingly sell its products for use in
such applications unless it receives in writing assurances satisfactory
to PMI that (a) the risks of injury or damage have been minimized (b)
the customer assumes all such risks, and (c) the liability of PM! is
adequately protected under the circumstances.

Following is the most current list of PMI's trade marks, registered
trade marks, and service marks.
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