
WAll'S TOOLS AND TIPS 

Op-Amp Audio 
Realizing High Performance: Buffers (Part I) 

I n this and the next few columns, we 
will take a departure from the imme
diate past, and focus some overdue 

attention on real circuits. We'll cover 
some op-amp issues related to realizing 
high performance in audio and other ac 
applications. This venture has been in
spired in part by reading some 
USE NET newsgroup postings, with 
such confidence-boosting headers as: 
"Op Amps always inferim to discrete?" 
and others equally as upbeat in tone. 

While I can't promise any panaceas, I 
do have confidence that a greater un
derstanding can come from some fo
cused discussions of op-amp audio pit
falls. Topics to be covered are: 
buffering, the I C op amp's best friend 
(this and next installment); matching an 
op amp to an audio application; and op
amp wisdom and witchcraft. 

How Dl8IIY inputs does an op amp have? 

Celsius temperature differential to the 
input stage might induce a fraction of a 
microvolt or more offset shift. Although 
such an error seems numerically small, 
it's still relatively large with respect to a 
20-1l V p-p, real signal. The point is not 
that this example represents any real 
device or conditions. It is more to frame 
some perspective and sensitivity for 
monolithic-IC-based technology, and 
the resulting application implications. 

The figure shows a typical op-amp 
gain stage, configured here as an exam
ple application with an ideal gain of 5x, 
driven by a signal VIN• The previously 
mentioned op-amp error sources are as 
noted, represented by sources VI to 
V5. The dotted lines are intended to 
convey a general relationship 
of a given error to the source. 

For example, the output
power-dissipation-related er
rors are reflected back to the 
op-amp input as a thermally 
coupled offset change, V5. For 
this installment of the overall 
discussion, I'll concentrate on 
this error, picking up the oth
ers further down the road. 

audio-oriented use, one straightfor
ward technique is to measure output 
THD+ N and/or other distortions under 
both heavy and light output-loading 
conditions. This will reveal degradation 
due to thermal-coupling effects. How
ever, dc and low-frequency testing may 
actually give some greater insight into 
what happens to an op amp as it under
goes heavy loading. This is because one 
can literally see the changes in transfer 
function, as output loading changes. 

Relatively simple, dc X -Y plots can 
give visual indications of amplifier lin
earity under load. See Reference 2 for 
an example of a single-op-amp test cir
cuit for plotting amplifier input drive on 
the Y axis vs. loaded ± output swing on 
the X axis. This test is easily expanded 
to include loaded and unloaded compar
ison conditions, which can then reveal 
dynamic-thermal-error components, as 
well as transfer nonlinearity. 

For this article, I modified the test 
circuit as follows. I changed 

I find it useful to look at op-amp perfor
mance in terms of errors in response to 
various inputs. These inputs can come 
via the normal differential ones at pins 
two and three, plus at least three oth
ers. Aha! Stumped on that one? So, 
what else constitutes an input, beyond 
the two familiar power-supply-rejec
tion-ratio (PSRR) errors for an amp's 
+ V s and -Vs terminals, disregarding 
any offset pins? 

Both single, as well as mul- WAll JUNG 
tiple, op amps built on common 

the summing-node attenua
tion resistors from 1MQf10 .0 
to 100 k.Q/lO.Q, added a 10-.0 
balancing resistor in the posi
tive input, and made the total 
load resistance 530 .0. To test 
various op amps, I made the 
offset trim universal by sum
ming a stable, variable ± volt
age into the 10-.0 summing re
sistor via 100kn. If you repeat 
this setup, use clean, well-bal-

Well, it may or may not be obvious, 
but the output terminal of an IC op amp 
can actually be the source of the fifth in
put error, one which results in load-in
duced changes in offset voltage. Al
though all modern, single-IC op amps 
are designed with thermally symmet
ric, input-stage layouts vis-a-vis the 
output (for minimum thermal feed
back), life isn't completely perfect here. 
Consider the fact that just microvolts of 
undesirable offset change can be signifi
cant at low audio frequencies. Take a 5-
MHz bandwidth op amp as one exam
ple, where a I-V p-p/100-Hz output 
swing requires an effective 20-1l V p-p 
differential input. 

So, whatever their source, extrane
ous signals might easily be comparable 
to actual signals of this magnitude. In a 
low-noise, bipolar-input op amp, a ther
mal change resulting in a few degrees 

monolithic substrates can be 
susceptible to thermal errors. This is 
simply because a potentially high-dissi
pation output stage and the error-sens
ing input stage are part of the same ba
sic monolithic IC chip. In the classic 
reference, thermal effects in IC op 
amps were discussed, and modeled as 
an additional feedback path, which can 
limit available gain.I 

It is worth noting that IC designs are 
a diverse extreme away from conven
tional pc-board discrete circuits, which 
are by definition, loosely-coupled ther
mally. Hybrid op amps may or may not 
be thermally sensitive, depending on 
their specific substrate and layout de
tails. Modular op amps should be rela
tively insensitive to thermal effects, un
less potted with a thermal compound. 

Testing for thennal errors: Quantifying 
op-amp input-offset errors due to out
put loading isn't totally straightfor
ward, but it isn't impossible either. For 

anced layout techniques and 
stable supplies, and you'll be able to ob
serve III V/division on your scope. 

These steps make the new Vy error 
scaling 100 IlVN, which is easily sensi
tive enough to see IlV-level input 
changes with 10-mV/division scope 
scaling. The display allows you to mea
sure loaded and unloaded gain, as well 
as associated changes in slope, which 
represents device nonlinearity. 

With a ±IO-V output, and 530-.0 load
ing, nonlinearity is readily evident with 
standard 5534 audio IC op amps. In one 
sample, the offset shift and slope 
changes from low load to full load. This 
results in about 60 Il V of offset change, 
with a steep slope change with polarity 
reversal (although this is a large shift in 
terms of the error change, it is still rela
tively small vis-a-vis the ±IO-V output). 

Precision low-noise op amps such as 
the AD797 and LTl115 are much more 
well-behaved for this test, with similar-
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conditions errors of about 1 � V, and no 
radical slope changes. Look for low- and 
linear-slope errors, which represent lin
ear gain, as opposed to radical changes 
and transfer function kinks. 

Dual IC op amps are very popular, 
and can also be easily tested for power
dissipation-related crosstalk.3 One of 
the more simple, y et useful tests, is to 
connect channel A of a dual op amp as a 
grounded-input follower, with channel 
B configured in a closed-loop, gain-of-
1000 circuit. By driving current into the 
A side, A-B thermal coupling can be 
measured at the B output. By control
ling the polarity, frequency, and duty 
cycle of the driving current, useful in
formation on a device's channel-to-chan
nel thermal coupling can be obtained. 

What may be surprising about some 
thermal errors is the relatively high fre
quencies at which they can be noticed. 
For example, a dual-output power-dri
ver circuit, using a composite topology 
can be monitored for the effects of ther
mal crosstalk between the driven and 
undriven channels.4 Crosstalk compo
nents were noted up to several kHz. 

Minimizing thennal errors: By using 
one or more of the tests above, various 
amplifiers can be exercised for thermal 
errors, and comparisons can be made to 
find types with the lowest thermal er
rors for loaded conditions. But, audio op 
amps tend to be more specialized, and it 
may be that your favorite chip just 
doesn't look so good for thermal errors. 
Not to worry, there is still a worthwhile 
system solution, one which really turns 
out to be optimized for solving thermal 
problems and maximizing performance. 

As shown in the figure, the answer is 
to simply split the voltage amplification 
(Ul) and power-delivery functions (U2) 
by buffering the output of an IC op amp 
with a dedicated circuit, chosen (or de
signed from scratch) for more-than-suf
ficient drive current. The burden of cur
rent delivery and associated power 
dissipation is simply (entirely) removed 
from op amp UI. This is shown concep
tually as the optional (dotted connec
tion) buffer stage in the figure. The 
buffer is activated by breaking the out
put line at "X," and connecting the 
uriity-gain buffer U2 as noted. 

With the buffer used, the main feed
back path through RF is taken after the 
buffer, and across the load, RL. The 
buffer circuit proper may include some 
specific details, such as bypassing, para-
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sitic suppression resistances, etc.; this 
will be an individual thing. There should 
almost always be some sort of isolation 
impedance between the buffer output 
and the output terminal, to isolate any 
cable capacitance. This can either be a 
small, 20- to 100-0 resistor, or the LR 
network described in Reference 4. 

There is also a high-frequency, ac
feedback path through CF, which has 
the effect of removing the buffer from 
the circuit at very high frequencies, in 
this case at 1I(21tRFCF). This also aids 
with stability when driving long cables 
or other difficult loads. 

Choosing a buffer circuit: One has a ba
sic two-path choice-- an I C or a discrete 
circuit. ICs tend to be more desirable 
from points of size and efficiency, but 
they may not be lower in cost, or useful 
beyond about several hundred mA in 
non-heatsink packages. Discrete cir
cuits can be tailored for any current 
level, but they tend to be quite busy in 
terms of component count, especially 
with such bells and whistles as current 
limiting and protection circuits. 

Performance-wise however, both of 
these circuit approaches to buffering 
can be used, and either will allow the 
highest realizable performance for a 
given op amp. If an IC buffer is used, 
one can almost have the cake while eat
ing it, too. This is done by packaging a 
simple, four-lead IC buffer like the 
BUF04, and a highly linear IC op amp 
such as the AD744, together as a (iso
lated) two-chip solution in a common 

package. Other dedicated I C buffers I 
have used successfully in the past have 
been the OPA633, EL2003, LTI0I0, 
LHOO02, and LH0033, all of which de
liver ±lOO mA (or more). Video op amps 
like the AD811 and AD817, also work 
well as buffers, due to their good linear
ity and high-current output stages. 

The Ul op-amp-circuit part can re
ally be left to optimize from other stand
points. Whatever it is, it will be most 
happy when lightly loaded via a fast, lin
ear, high-current buffer. 

TIP: In the next installment we'll look 
at some more issues associated with 
buffering, and describe in detail a suit
able discrete-circuit version. 
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Op-Amp Audio 
Realizing High Performance: Buffers (Part 11) 

T aking up where last month's col
umn l e ft off, here's  the second 
part of our discussion on output

buffer techniques as part of audio op
amp applications. 

A flexible Class A buffer: To fulfill 
the function of the discrete version of 
a u n i t y - g a i n  b u ffe r, c o n s i d e r  the  
schematic in  the figure. A number of 
features lend this circuit utility, and 
can either be built as-is or modified 
for s p e c i fi c  n e e d s .  F u n c t i o n a l l y  
spe aking, this buffer's intended t o  
drop directly into the U 2  stage of last 
month's general diagram. 

The hookup's basic function is that 
of a complementary buffer, with a 
nominal input/output dc offset near 
(but not exactly at) zero. Actually, this 
is quite a common circuit type. It's of
ten realized with a compleme ntary 
output transistor pair, biased in turn 
by a pair of forward-conducting diodes 
driven at their midpoint by the input 
op amp. I used such a circuit years ago 
in my op amp book. I 

quiescent current. With about 4.5 mA of 
current flowing in R3, Q1 is biased sta
bly. With the V BES of Q1-Q3 nominally 
equal, it can be seen that R3 and R6 will 
drop comparable voltages. This means 
that Q3 will conduct about twice the 
current in Q1, for the 2: 1 ratio values. 
Thus currents set by Q5 and Q6, along 
with the relative resistance ratios, de
termine the output quiescent current. 

Here, the V BES aren't exactly equal 
between complements Q1-Q2, or for 
Q1-Q3, and the idle current in Q3 is 
more than 10 mA (about 13 mAl. Simi
lar reasoning applies to Q2-Q4. Either 
more or l e s s  output-stage curre nt 
through Q3-Q4 can easily be affected, 
simply by adj usting the relative val
ues of R3/R6 and R4/R 7 to-
gether. This is best done via 
the choice of R 3 - R 4  value, 
leaving R6-R7 fixed. 

This current can easily reach several 
hundred mA, so active current limit
ing is very useful. The optional Red 
LEDs D3 (D4) provide this, clamping 
the drive to Q3 (Q4) when the emitter 
current reaches about 1.2/RG, or -240 
mA as sho\vn. For lower levels,  the 
LEDs don't conduct and signals pass 
normally. The LED s  are Panasonic 
types as noted. 

When used within an overall feed
back loop �ith an op-amp dr1ver feed
ing RI, this buffel' might need protec
tion from ovenoltage. The optional 
diode clamps D5-D6 provide this func
tion. They clamp the drive to Q 1 -Q2 
when and if the R8 output is shOlied
so large reverse voltages aren't seen 
in the circuit. With normal signals, 
there's j ust a few m V across the diodes 
and they don't conduct. 

Perfonnance: Ideally, a buffer such as 
this is transparent to signals with dif
fering loads and with diverse levels. 

The circuit shown was tested 

Here, replacing the two diodes with 
complementary transistors still has 
the same basic advantage of near-zero 
input/output offset. But, it lowers in
put bias current substantially, due to 
the transistor gain. It can also reduce 
distortion due to better load isolation. 

At 13 mA of current in Q3-
Q4, they operate rather rich 
in Class A mode-at least un
til heavier load s sh ould ap
pear. For this bias level, de
p arture from C l a s s  A will  
occur somewhere around 1.5 
V, for a 150 Q load. 

The Q3-Q4 dissipation is 
about 200 m W each on ±l5-V 
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standalone-that is, with no 
driving op amp. Tested for 
THD+N with both low- ( 1 50 
D) and high-impedance ( 1 00 
kD) loads, it ho lds up wel l  
over levels from 0.5 t o  8 V 
rms. At the highest levels of 8 
V into Cl low impedance, 
TH D+N reaches a high of 
0.15%. But, it quickly dl'ops to 
0.02% at 2V, and is apprecia
bly less than .0 1 % at 0.5 to 1 V, 

The cancellation of the forward 
V BES of Q 1-Q3 and Q2-Q4 is somewhat 
imperfect, however, as these are dif
ferent device pairs. Output transistors 
Q3 and Q4 are I-A types, for best gain 
linearity at 100 mA or more current 
peaks. Driver-stage devices Q1-Q2 are 
general-purpose types, suitable for 
currents of up to 1 0 0  mA and more 
(much higher than used here). A ver
sion of this general complementary 
t o p o l o gy was u s e d  in  the c l a s s i c  
LH0002 buffer, where the Q1-Q2 emit
ter currents were set simply by resis
tors to the supplies. A discrete ver
sion, the "0002," was also offered.2 

In this case, the respective Q 1 -Q2 
emitter currents are set up by current 
sources, Q5 and Q6. Their output cur
rent levels, along with the use of emit
ter-stabilization resistors R3-R4, work 
to indirectly set up the output-stage 

supplies, which will be OK for plastic
packaged devices like the 0l1ginal TO-
237 devices, or the Zetex "E-line" ver
sion. Either of these packages should 
be used with ample pc-board copper 
area on the collector leads to aid in 
heat transfer. All circuit parts are 
available from international suppliers, 
such as Digi-Key.3 

If much higher sustained currents 
are needed, even lower-thermal-resis
tance d evice package s can be used 
with Q3-Q4, such as the MJE1711181  
or D441D45 families. And, a lower-out
put-current  version can be imple
m e n t e d  by using PN2222A and 
PN2907 A types for Q3-Q4. 

Protection of this circuit is provided 
by several means. Without D3 and D4, 
the upper current limit for Q3-Q4 is 
set either by the limited-drive CUlTent 
(5 mAl times the gain (50 to 250), or by 
the RG- R8 values and the supplies. 

or within the Class A range. 
Fm' high-impedance loading, distor

tion for all levels is well below 0.0 1 %, 
typically 0.002�' fOl'l V. And, for either 
load impedance, THD+N is also rela
tively independent of f1'equency (be
low 100 kHz). Harmonics within the 
distortion residual at the output are 
predominantly third at 1- to 2-V levels. 

The circuit's output impedance is es
sentially resistive and about 15 Q, most 
of which is the R8 value. Voltage offset 
of the buffer "'ill be high, in the 20- to 
30-m V range. due to the inexact V BE 
cancellations . When used within an 
overall feedback loop. as illustrated last 
month , this offset isn't consequential . 

It's suppressed b�' the feedback loop. 
Housekeeping details: Some palts of 

the schematic aJ'en't directly involved 
\\ith the buffer function, but neverthe
les::; ::;till haye utility. An example is the 
optional npn cUl'I'ent-soul'ce transistOl ', 
Q". This can be lIsed to set up a fixed-
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ing can cause shifts in effective 
input offset, as well as associ
ated linearity changes. These 
load-dependent shifts can be 
identified with testing, allowing 
easier device selection to mini
mize this problem. 

However, simply buffering the 
amplifier's output with an iso
lated-package circuit removes 
this source of error, and maxi
mizes op-amp linearity. This 
step is recommended wherever 
it's practical and needed. Buffer 
circuits  can be chosen from a 
numb er of I C s  expre ssly de
signed for  such tasks, as was 
noted last month. Or, they can 
be designed to match a given set 
of conditions, as in this example. C4 1.0 IJ.F 

�." ... "" 

Feedback The ability to adapt and hone 

RS 
221 

- - - - - - - - -.---+---+-----+-------'----. 

current drain directly from the driving 
op amp's output stage, thus operating it 
in a richer-than-normal Class A current 
range and minimizing any internal 
Class AB effects for alternating output
signal polarities. By using the high dy
namic impedance of a transistor for this 
function, a fixed steady current can be 
taken from the op amp without loading 
it dynamically (and possibly increasing 
distortion). QN'S LED bias scheme of 
V EH will cause a current of 1.2 V di
vided by the emitter resistance to flow 
in the collector. F or example, 1 kQ 
would source 1 .2 mA. For opposite po
larity (current sink) loading, a pnp cur
rent source "Qp" is biased by D 1, with a 
similar emitter resistance. If used, QN 
or Qp are PN2222A or PN2907 A types. 

As noted, this buffer circuit func
tionally drops into the hookup of last 
month-that is, between the op amp 
and the load.  The feedback path i s  
taken before isolation resistor R8, pro
viding simple, effective load isolation 
for the buffered op amp. 

When driving low-impedance loads, 
de coupling of the high-load currents is 
accomplished with large, local elec
trolytic bypasses C 1 -C2, with their 
shared point returned to the load com
mon. Because of the wide transistor 
bandwidths used, layout and wiring 
can also be critical. C 1 -C2 should be 

-lSV 

augmented by local, low-inductance 
high-frequency bypasses, such as 1 -
IlF/50-V stacked-film types C3-C4, lo
cated physically near Q3-Q4. 

I t's worth noting that long lines, 
which appear as a capacitive load, are 
low-impedance loads. Even if termi
nated at the far end in a moderate re
sistance value (-1 0  kQ)-for high fre
quencies, the effective load such lines 
present to the amplifier is still low (Xc 
for 10 nF looks like SOO Q at 20 kHz). 
RS is a load isolator, and can be in
creased if necessary. 

Further suggestions: It should be obvi
ous that this circuit is readily adaptable 
for various needs. If used on other sup
ply voltages, the current in LEDs D 1 -
D2 would benefit by being stabilized, 
perhaps by something as simple as a 1-
mA JFET current diode in place of R9. 

The output transistors (and their op
erating point) are best chosen to main
tain the lowest distortion for the partic
ular l o a d s  and op erating l e v e l .  
R e memb er: T h e  distortion figures 
quoted are for the buffer alone. A well
chosen driver can lower it even further. 

TIP: These first two installments on 
high-performance audio with ICs and 
discretes have focused on choosing (or 
designing) a buffer stage for best over
all performance. In I C  op amps with 
poor thermal design, heavy output load-

a circuit's operational charac
teristics precisely to an appli
cation is a maj or hallmark of 
discrete circuitry, as this exam
ple shows. In contrast, adapt
ability to different drive and 

bias levels isn't something IC buffers 
can do, at least not in the manner here. 
One needs to choose either the flexibil
ity and diversity of the discrete ap
proach (at the expense of component 
count), or the small size and compo
nent efficiency of the IC approach (at 
some expense of bias and drive flexi
bility). In any event, enjoy those low 
distortion, Class A sounds! 

Acknowledgments: In preparing the 
last two columns, I appreciated helpful 
comments from audiophile friend and 
design consultant John Curl. 
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Op-Amp Audio But, within real devices, the gm most 
certainly does vary. In fact, those de
vices that are best in terms of voltage 
noise performance-bipolar junction 
transistors (BJTs)-are worst in terms 
of their transconductance linearity. 

Realizing High Performance: Bandwidth Limitations 

F
or this November Analog Special 
installment, we'll take a look at 
some of the very basic issues sur

rounding op amps used within high
quality audio circuits. A parameter 
which ultimately affects a gamut of op
amp performance specs is device gain
bandwidth. This is related to the de
vice's open-loop bandwidth and gain in 
predictable ways. These interrelated 
issues, along with the nature of the 
feedback for a particular application, 
ultimately become major quality de
terminants. 

The open-loop bandwidth problem: 

Virtually all conventional voltage
feedback-type op amps have a high 
open-loop gain (= 100 dB), and a rela
tively low open-loop bandwidth (10 to 
100 Hz).  By voltage feedback, we 
specifically mean the classic op-amp 
types with symmetrical ± inputs, and 
are excluding current-feedback types 
(at least for now). Of course, this volt
age-feedback category includes audio
specialized types, as well as more con
ventional non-audio ones. 

All such amplifiers are designed to 
be flexible and easily applied within an 
overall feedback system with closed
loop stability usually down to unity 
gain. For unity-gain stability, the ap
plication of feedback demands a con
trolled rate of open-loop roll-off. This 
roll-off is a uniform 6 dB/octave gain 
reduction with frequency. The associ
ated 900 phase lag of such an open-loop 
response will guarantee closed-loop 
stability for any feedback level. 

But herein lies the rub. What seems 
like a relatively simple system trade
off in design philosophy may not actu
ally be so. Why is this? Isn't any op
amp-based audio design more simple 
than a classic RC-coupled transistor 
gain stage? A more complete answer 
here is a rather complex one, and it in
volves an understanding of the feed
back process. It also involves implica
tions of applying the feedback around 
what can often be imperfect amplifier 
hardware. For example, a nonlinear 
op-amp input stage, combined with 
less-than-optimum-bandwidth. 

We do know that an op-amp-based 

gain stage can be just about as simple Barrie Gilbert has explored many of 
as it gets system-wise-at least on the these non-ideal op-amp performance 
surface. It consists simply of the op- limitations in some recent EDTN 
amp device itself, plus a pair of resis- columns.I,2 Reference 2 includes a 
tors to set the desired gain (see the fig- mathematical distortion analysis of an 
urefrom Part 1, ELECTRONIC DESIGN, op amp. The analysis shows how an un
Sept. 1, p. 166). Unfortunately, the un- degenerated BJT input stage (as just 
derlying weaknesses of how such a described) is actually quite poor in 
feedback-based amplifier can degrade terms of stand alone-mode distortion. 
some aspects of overall performance The fundamental source of this distor
often gets bypassed, particularly when tion is the nonlinear gm of the emitter
there is pressure to employ only stan- coupled BJT pair, which follows a hy
dard, low-cost ICs (such as 5532 types perbolic tangent (tanh) function. Ideally 
and their derivatives). this gm would be highly linear, i.e., the 

An op-amp gain stage is unrivaled in inverse of a fixed resistance. While it is
utility, a feature which is very com- n't linear with a simple emitter-coupled 
pelling. But, it trades off open-loop gain BJT pair, it's much more so when the 
for bandwidth, operating within the pair is operated with emitter-degenera-
constraints of a constant gain- tion resistors, or the bipolars 
bandwidth product. For the are replaced by JFET devices. 
5532 mentioned, the applica- In an op-amp feedback cir-
ble gain-bandwidth is 10 MHz, cuit using such a nonlinear 
and the open-loop gain is 100 BJT input stage, the forward 
dB (105 V/V). Thus, the open- gain path typically includes 
loop bandwidth is 100 Hz. Ac- the input stage as described, 
tu ally, a close examination of followed by an integrator 
the 5532 data sheet shows stage which includes the 
more like 200 Hz, due to the � aforementioned compensa-
fact that this particular topol- I • tion cap, and a final output 
o¥y uses a �eedforward te�h- WAll JUNG stage for load isolation. 
mque, whIch boosts galll- _______ When such an amplifier is 
bandwidth at lower placed within a simple, flat
frequencies. But, in general, the avail- frequency-response feedback setup, 
able small-signal gain at any given fre- it's useful to contemplate what hap
quency is defined by the op amp's gain- pens with a wide band audio signal 
bandwidth. Note the emphasis here on passing through it. Consider, for ex
the small-signal aspect. And, it's helpful ample, a given input-signal level, and a 
to understand that the application of flat voltage vs. frequency characteris
different feedback does not change a tic at the output. Increasing signal fre
given device's basic gain-bandwidth- quencies above the amplifier's open
it only reallocates it to some different loop corner frequency will result in a 
closed-loop gain and bandwidth. higher and higher input driving volt-

All of this may seem reasonable age to the op amp. (Not the signal in
enough, until we go a step further, and put, but the actual voltage between 
consider the fact that the op-amp gain- the ± terminals.) This is a natural con
bandwidth is based upon the small- sequence of the feedback error correc
signal transconductance (gm) of the in- tion, and the gain-vs.-frequency re
put-stage transistors, plus a fixed duction within the op amp. 
compensation capacitor (usually inter- But, since the BJT input stage gm is 
nal). If we consider this compensation nonlinear, and is followed by a low
cap fixed (for this discussion, at least), pass filter in the form of the integrator, 
it should be obvious that the gm of the higher signal frequencies require 
input devices is also fixed, ideally. In higher amplifier driving voltages to 
other words, it doesn't vary with the maintain the same output levels. This 
input signal level. means higher frequencies must neces-

J 
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The relative transcondudance charaderistics for a ± l-V input range are displayed for both BJT 
and JFET differentially paired transistors. Both types use no emitter (source) resistance, and are 
biased by a fixed current of 1 mA. These curves were generated by PSpice, using 2N2222A and 
2NS4S7 models avadable with that simulation package. 

sarily drive the input stage harder, to 
counteract the filter roll-off. Because 
the input stage's gm is different with a 
greater input drive, it produces a dif
ferent corner frequency and phase 
shift (compared to lower frequencies, 
which require less amplitude drive). 
Considering just a case of one output 
level, this is a frequency-dependent 
nonlinear phase response. 

When the output level is further in
creased, this phenomenon gets worse, 
until at some combination of ampli
tude and frequency, the op amp finally 
reaches its slew-rate limit. By defini
tion, this occurs when the input stage 
is totally overloaded by the peak error 
voltage, at which point the output 
voltage from the op amp reaches its 
maximum rate-of-change. 

So, in the absence of any corrective 
means, it can be shown that virtually 
all BJT-input-stage op amps ( either IC 
or otherwise) can be limited in terms of 
input-overload sensitivity. And, they 
are nonlinear prior to their overload 
point. This is due to their extremely 
high and exponentially related gm' 

To put all of this in an overall per
spective, a balanced BJT differential 
pair will develop around 1 % THD for 
input signals which are just under 20 
m V in peak amplitude. When such an 
input stage is used within a 10-MHz
gain-bandwidth op amp handling a 20-
kHz, 10-V peak output signal, the ac
tual amplifier driving signal will be 20 
m V peak-it is just beginning to dis
tort. If the amplifier were instead a 1-

MHz "741-speed" device, the driving 
signal theoretically would be 200 m V 
peak. In practice, such an amplifier 
would more likely be operating in its 
slew-limited mode, and producing 
gross output distortion. 

For today's audio op amps with 

••• the BJT-device gm is 
both higher and more 
nonlinear than that of 

the JFET. 

bandwidths of 10 MHz or more, it could 
be argued that only the most extreme 
high-level, high-frequency audio sig
nals even begin to push a non-degener
ated BJT-input op amp into the nonlin
ear region. On the other hand, for 
digital signal byproducts, and other 
spurious out-of-band high-frequency 
components, the distinction may not be 
so clear. Here, an amplifier with more
linear input stages may be a better 
choice. And, if you've ever experienced 
spurious AM-band signal detection by 
a bipolar input stage op amp, you'll be 
able to relate to all of this, for sure! 

A positive aspect of this situation is 
that the BJT-input amplifier can easily 
achieve low input-noise performance, 
and it is good for low-level signals. 
But, the not-so-good side is that it can 
possibly show increasing distortion 

and phase shift effects for high-level, 
high-frequency signals above the 
open-loop corner frequency. 

Comparing BJT/JFET gm: Since op
amps are available with front ends 
consisting of either bipolar or JFET 
transistors, it is useful to compare 
them for overload. The gm characteris
tics of both 2N2222A npn BJT and 
2NM57 N-channel JFET differential
pair transistors make for a good com
parison (see the figure). 

In these simulation plots, both tran
sistor pairs are biased at the emitters 
(sources) by a 1-mA current source. 
The BJT-pair output is represented by 
the more steeply sloped trace in the 
center, with an input dynamic range of 
about ±200 m V for the ±1-mA output 
current. Also shown is the more-linear, 
gradually sloped gm plot of the JFET 
pair, which has an input dynamic range 
of nearly ± 1 V for the same output cur
rent. That is quite a contrast! 

These data indicate the two major 
points just discussed above. Namely, 
that the BJT-device gm is both higher 
and more nonlinear than that of the 
JFET. In fact, the degree of non linear
ity for the BJT case isn't readily ap
parent from this view, but it is easily 
revealed by comparing plots of differ
entiated data. 

Extending open·loop bandwidth: Since 
the presence of an amplifier open-loop 
corner within the audio range, com
bined with feedback around a nonlin
ear BJT input stage, can give rise to 
dynamic phase shifts, a question 
arises: what can be done counteract it? 
Solutions are available in 3 forms. 

1. One solution is by extending the 
effective open-loop bandwidth, so as to 
move the open-loop corner upward to 
20 kHz or more. This step doesn't 
change the distortion in the input 
stage. But, it can reduce or remove the 
phase-modulation effects due to gm 
variations-as the open-loop corner is 
moved upward to a region where (pre
sumably) signals either do not occur, 
or they occur less frequently, or at 
lower levels. 

The route to achieving this step can 
be as simple as adding one (or two) re
sistor(s) across the amplifier integra
tor. This damps the integrator and 
lowers the open-loop gain, thus mov
ing the open-loop corner upward in 
frequency (again, within the con
straints of the device's gain-band-
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width product). Practically, this step is 
not available on many amplifiers, but 
those with single-node comp pins and 
a zero-dc-offset output stage will allow 
a single such resistor to be added. One 
example is the AD829, with a compen
sation pin at pin 5, and a low-noise RJT 
input stage. Other amplifiers may re
quire two resistors, one from the out
put back to one of the null terminals, 
the other from the opposite null termi
nal to common. For example, the 5534 
can be used in this fashion with nomi
nally equal value resistors from the 
two null pins. A significant trade-off of 
this approach is that the device's dc 
offset will almost surely be compro
mised by this inner-loop connection. 
This can in theory be corrected by a 
trim adjustment, but this step isn't 
likely to be practical. 

U nfortunately, there are no com
mon standards of what pin(s) are used 
for these secondary-bandwidth con
trol functions, or what the relevant re
sistance(s) are, so some user experi
mentation is appropriate here, once 
given the proper amp. 

V iewed from a system-level per
spective, there's a more elegant and 
less compromising solution to optimiz
ing the open-loop bandwidth of an op
amp circuit. Use multiple-stage feed
back, so that the overall input
stage-to-integrator interface is con
trolled by local, signal-independent 
transfer characteristics. 

Of course, this is a much more com
plex solution, and a useful working ex
ample will need to wait until a later in
stallment. It also happens to be about 
the only practical way one can realisti
cally implement the open-loop band
width control trick using dual (or 
quad) amplifier packages. 

2. Use more-linear devices for the 
input transistors, which lessens the 
signal phase-modulation problem by 
reducing gm nonlinearity. This is sim
ply achieved by using a well chosen
op-amp. For example, one using a 
JFET input stage, either PFET or 
NFET. Both types typically have the 
desired lower gm' A wide variety of 
general purpose FET input devices 
are available for this task, from the 
TL07X series of early JFET designs, 
to more recent devices such as the 
AD744 family, and the recent AD825 
device. Of course, one does need to be 
selective here, as the JFET input 

stage is just one part of an overall pic
ture, and other audio-relevant issues 
will also need screening. 

3. A third (and truly optimum) 
method of controlling the open-loop 
bandwidth of an op-amp is to simply 
pick a device which has an inherently 
high open-loop bandwidth of (prefer
ably) 20 kHz or more. While this is dif
ficult indeed, it is certainly not impos
sible. And even a bandwidth of less 
than 20 kHz is more useful for desensi
tizing the phase shift effects than is a 
100-Hz open-loop bandwidth. Exam
ples are the just mentioned JFET in
put AD825, with an open-loop band
width of just under 10 kHz, or an 
AD817, with a similar bandwidth. The 
AD817 uses a BJT input stage with 
emitter degeneration, which gives it 
very good linearity. 

On the downside, amplifiers that 
have lower-gm input stages will typi
cally tend to be more noisy than will 
their lower-noise, non-degenerated 
BJT cousins . This makes them useful 
for higher-level signals, as opposed to 
low-level front end applications. It is 
another of those system-level trade
offs a designer must make in honing a 
final high-performance design. 

TIP: One or more of these band
width-extension and/or linearization 
methods can be useful in practice, and 
they are recommended to you for fur
ther experimentation. In a future col
umn, we'll show an example of a multi
ple-feedback-stage design which uses 
method 1 above for bandwidth exten
sion and input linearization. 
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Op-Amp Audio thumb to use low feedback resistances 
to minimize noise contribution. In Fig
ure 1, the feedback source resistance 
(RsH = RF 11 RIN) is <1 kn, but the in-

Minimizing Input Errors 

F
or this second December issue, 
the column looks at a number of 
op-amp issues regarding their use 

in high quality audio circuits. For now, 
this wraps up the series on this topic. 
As noted below, this final 1998 install
ment also marks my departure from 
this regular monthly column, in order 
to partake in a new project. 

Op-amps and audio: Recalling the im
perfect op-amp gain stage model 
printed in the Sept. 1 column, we will 
first review it with regard to the error 
sources, VI-V5 (Fig. 1). There is an 
errata note for the OPI77 data sheet 
circuit originally referenced. It was 
Figure 3 on early revisions, but Fig
ure 24 now. 

In the first two parts of the series, 
we discussed using buffers (both IC 
and discrete), along with their role in 
minimizing output-to-input power-re
lated errors. This error source is sym
bolized by V5, with the dotted cou
pling indicated. With the use of an 
appropriate U2 buffer or load-im
mune op amp Ul, we'll consider V5 
errors negligible, and then move on to 
the others. 

The remaining errors are VI-V 2 
and V3-V 4, four in all. But note that 
these are paired error sources, so if 
you understand how to deal with one 
of the pair, you also can deal with its 
twin. In essence, these pairs reduce to 
two basic types of error sources, each 
with distinct minimization solutions. 

VI-V2 source-impedance-related er

rors: VI and V2 are ac errors, and they 
are proportional to the impedances 
seen at the op amp's (+) and (-) inputs 
(again as indicated by the dotted cou
pling). U nderstanding a very basic 
semiconductor distortion mechanism 
is helpful here. 

A byproduct of semiconductor 
manufacture is the fact that often, the 
junction capacitance is a nonlinear 
function of applied voltage. Applied ac 
(audio) modulates this capacitance, 
which gives rise to even-order har
monic distortion. You can see the ba
sis of this by studying various transis
tor data sheet CN curves. Note that 
it doesn't matter if such junctions are 

put Rs may be higher, so the amplifier's 
Rs( +) and Rs( -) aren't necessarily 

within a discrete transistor or an IC, equal. In practice, given the very-Iow
the result is the same. distortion capability of today's op amps, 

For audio circuits, taking various (THD+ N of -100 dB or better), it is eas
steps can help to minimize distortion ily possible to see distortion effects due 
due to this nonlinear capacitance. One to mismatched Rs( +). 
is to bias the capacitance to a high dc Fortunately a neat distortion solu
voltage. Another is keeping the ac sig- tion is at hand, involving profitable 
nal swings small. A third step is to use of the op amp's basic nature. Any 
choose devices with less raw capaci- such op amp always has two similar 
tance (and therefore, less sensitivity), nonlinear capacitances, and with the 
and, finally, operating with low source input devices matched, it can be as
impedances. sumed the capacitors are the same. 

In op-amp circuit configurations, it So, the distortion effects can be bal
is important to note this input stage anced and nulled, if within the exter
distortion mechanism applies to non- nal circuit, Rs( -) is made equal to 
inverting-mode operation, such as in Rs(+). Or, more precisely, when the 
Figure 1, where the applied common- total impedance seen looking out of 
mode (CM) voltage is highest. And, in the (-) input is made equal to that at 
terms of susceptible device the (+) input. 
categories, by and large it is With an equal source im-
found in op amps using junc- pedance condition, the two 
tion-isolated FETs (JFETs). sets of distortion components 
Note also that it is not a fac- generated by the nonlinear 
tor in inverting mode cir- capacitances match, or VI = 
cuits, since by nature these V 2. Since this distortion is 
don't see CM voltage. CM to the op amp (not differ-

Within JFET-input op- ential), it is rejected. A dis-
amps there are actually two -.... tinct operational "sweet 
such capacitors present, cor- • spot" occurs, with even-or-
responding to VI and V2 er- WAll JUNG der output THD going to a 
rors. They are directly in the _______ minimum. 
signal path, with one appear- Therefore, to optimize 
ing at each input terminal, i.e., the noninverting op-amp circuits against 
gate of the FET input devices. The ca- V 1-V2 errors, choose RlN and RF so 
pacitance is formed as part of the their Thevenin equivalent value is 
manufacturing process. It electrically equal to Rs, which minimizes distor
appears between the corresponding tion. CF, if used, can upset exact 
input and one supply rail, or ac com- high-frequency balance. For such 
mon (for p-channel FET amplifiers cases, a compensating value can be 
the rail is typically -V s). used, from pin 3 to ground. 

In Figure 1 ,  source resistance Rs Wondering about your favorite op 
and the internal nonlinear capacitance amp's susceptibility to this distortion? 
of U 1  form a low pass filter at some A good test for it is a noninverting 
high frequency-usually well above gain stage of 2X (with Rs(-) <1 kO), 
the audio bandwidth. However, this and Rs switchable between <Rs(-), 
seemingly innocuous relationship =Rs(-), and >Rs(-).With VI-V 2 er
doesn't fully reveal what can happen rors, THD + N plots vs. Rs can reveal 
in sensitive, low-distortion circuits, or higher distortion for mismatches. 1 
if Rs is high. Or, worse yet, when the Extrapolating JFET-input op amps 
op amp has appreciably higher input to even more sensitive topologies 
capacitance (as it might in the case of leads us to Sallen-Key active filters, 
large-junction, low-noise input tran- which, by definition, use noninverting 
sistors). All these factors exacerbate amplifiers (often unity-gain, JFET
the distortion generation. based followers). For absolutely low-

Normally it is an audio rule-of- est distortion here, a mirror-image 
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network "Zs(-)" can be used in the 
feedback path, in lieu of a direct con
nection. Zs( -) is simply a dummy RC 
component set, to mimic the real Zs( +) 
filter elements, as seen looking out 
from the op amp's (+) input.2 Other 
JFET-input op-amp circuits also can 
optimize Rs, as described below. 

V3-V4 power-supply-related errors: 
The two remaining errors are V3-V 4, 
which relate +Vs and -V s supply-rail 
noise to the amplifier inputs. These 
power supply rejection (PSR) errors 
are usually given in dB. Some might 
think these errors straightforward. 
But in real life, things are a bit more 
complex. Let's see why. 

If you study a typical op-amp data 
sheet, you'll notice that there is a PSR 
spec for both + V s and -V s, as well as 
one for common-mode rejection 
(CMR). But, close inspection reveals 
that these are de specs. Over audio fre
quencies, typical P SR be ha vi or is 
plotted, and it degrades with fre
quency at 6 dB/octave. Common val
ues are 100 dB or more of dc PSR (or 
CMR), dropping to 80 dB at 1 kHz. 
Ironically, such popular audio op amps 
as the 5532 and 5534 don't provide 
their users PSR and CMR curves! 

Also, note that P SR will often be 
poorer for one of the supplies, some
times noticeably so. CMR and PSR are 
related-both measuring front-end re
sponse to signals common to the nor
mal inputs, or via the rail(s) as a signal 
source. It is typical to specify PSR for 
symmetrically varying (±) supply volt-

RIN "---+--....1 
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R5 
100 

+VS 0 1 1  
C
3 0 + 15 V 

cH4 adiacent to�2 o� . .  t 1 00 l1F . . t'" Low ESR 
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C2 + 100 I1F 
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I

o.1 I1F
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IOW ESR 

U2A -VS 0 0 -15 V 
AD812 

(See text) R6 
49.9 

Output 

...---0 Output low 

RC 
2.49k 

(See text) 
1....-----R1--... 

R2 
250 

1k -VS 

2. This example design apptl8s all the concepts of the audio series, in an optimized gain-of-five 
stage. In addition to minimizing Vl-VS errors, it also eUminates thermal distortion and crosstalk 
in output stage U2. Open-loop bandwidth of the first stage is set by local feedback, and is about 
1 00 kHz. 

ages. Unfortunately, real-world power 
sources don't always vary neatly. So, a 
realistic audio consideration would be 
to analyze things in terms of the worst 
PSR/CMR curve from the data sheet, 
and use that data at various frequen-

U2 
Output buHer 

�, :-v: , , 

cies. We'll assume an 80 dB/l kHz PSR 
error in an example calculation. 

An error 80dB down may sound 
good, until we add some mitigating 
factors. In Figure 1, for example, the 
5X noise-gain makes an 80 dB/l kHz 
error about 14 dB worse, or 66 dB/l 
kHz, as referred to the output. And in 
almost every case with conventional 
op amps, this still gets worse by 6 
dB/octave with increasing frequency. 

>=-----..-��---< ....... ---...-oVOUT 6 

Putting it in perspective with an 
actual output signal, we'll talk in 
terms of op-amp input-referred er
rors (since that's where P SR errors 
couple). Assume 1 V p-p output at 1 
kHz, and an op amp gain-bandwidth of 
10 MHz. This means that to produce 
the 1 V p-p, the amplifier's input sig
nal will be 100 11 V p-p. If the supply 
rail sees a 1 m V p-p/l kHz noise (for 
whatever reason), this noise referred 
at the amplifier input will be 0.1 11 V p
p. The ratio of the desired signal to the 
noise is 60 dB-not such a good ratio. 
Also, consider the possibility that 
CMR or P SR could be worse than 80 
dB, or the power-rail noise higher. 

RS 

1 .  Depicted here is a noninverting op-amp gain stage with five error sources, Vl-VS. Output 
buffering or a load-immune op amp minimizes VS. Vl-V2 are minimized by matching source 
impedances, and V3-V4 are minimized by careful power-supply design. 
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Another subtle point is that the 
PSR frequency-response corners for 
the + V s /-V s  rails may vary from one 
another, and may also vary with re
spect to the open-loop-gain corner. 
Thus, the sample numbers used here 
could be different in reality. 

The example assumed a 10-MHz 
gain-bandwidth op amp. But, if we 
consider an op- amp with ten times 
the gain-bandwidth (lOO MHz), the in
put signal reduces ten-fold, to 10 JlV 
p-p. With the same power-rail noise, 
this tends towards an effect of P SR 
errors of similar order (80 dB) being 
much more serious. In practice, such a 
higher gain-bandwidth op amp will 
very likely also have greater PSR. 

The main general point being made 
is that real-world P SR and CMR er
rors can be much worse than a casual 
glance at a data-sheet curve may sug
gest. In fact, a better way to look at the 
topic of V3-V 4 errors is to consider the 
rails of an op amp simply as another 
signal input, and proceed accordingly. 
Good supply regulation and bypassing 
will go a long way toward minimizing 
and controlling these errors. In fact, it 
isn't unrealistic to set V3-V 4 error 
goals referred to a working op-amp in
put signal of -100 dB (or better). This 
will generally require some careful 
supply regulation, since you can't al
ways count on an op amp providing 100 
dB of V3-V 4 error isolation over the 
applicable frequency range. Current
feedback types, for example, have typ
ical PSR and CMR of 60-70 dB. 

An optimized amplifier example: To il
lustrate all of the error-minimization 
and bandwidth-extension principles 
discussed in this series, the circuit of 
Figure 2 is offered. It can be recog
nized as a cousin to a previous 0.5-A 
line-driver/headphone amplifier.3 It 
also has similar thermal-distortion 
suppression, as the U1 stage servos 
out U2 thermal errors. Three distinct 
feedback paths are used. 

This line-driver circuit has an over
all gain of about 5X, as set by the R1-
R2 100p. U2 is a dual current-feedback 
amplifier, allowing 50 mA or more of 
output while buffering UI. 

Compensation for V 1-V2 errors in 
U1 (a JFET-input op amp) is provided 
by Rc, set equal to Rs. With a variable 
Rs such as a volume control, a nominal 
gain value is used, in this case 2-3 kQ. 

First-stage open-loop bandwidth 

control is exercised in this circuit, as it 
applies to U1 and the local feedback 
loop RD-RC. For the values shown, 
U 1's open-loop bandwidth is about 
100 kHz. Were RD open, the U1 stage 
would function as a more-conven
tional (narrow bandwidth) op-amp. 

Control of V3-V 4 errors is not inte
gral to this amplifier, except for the lo
cal bypassing shown. Tight regulation 
of ± V s will aid this, and is recom
mended for noise minimization. 

Summary of audio op-amp series notes: 

The discussions above wrap up our 
look into various op-amp and circuit 
issues which help determine high au
dio performance. Over the years, I 
have found all ofthese techniques use
ful for improving audio circuits, and 
hope you will also. 

Some parting comments: This column 
wraps up a two-year run of "WaIt's 
Tools and Tips," an experience I have 
enjoyed immensely. I hope you have 
as well, and I thank all those who have 
contributed comments. 

Over the next year (or more), I will 
be embarking on a major new project. 
Unfortunately, this will preclude the 
time expenditure it takes to put to
gether the kind of material I like in 
this column. Therefore, I am taking a 
column sabbatical for a period of time. 
I hope to return to these pages some
time soon to continue these analog
oriented talks. Happy Holidays to all. 
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Practical Circuits For Quiet 
Audio Transmissions 

Some sample calculations with this 
relationship show that CMR is a mini
mum for a given change in KR (a resis
tor deviation in fractional form) when 
RIN - Rs. A CMR minimum is simply 
another way of saying that the bridge 
is most sensitive when RIN - Rs. 

This Analog Special 'Tools and Tips' 
column is in response to all those 
readers who voted for more au

dio- oriented topics. W hile audio-ori
ented in terms of application exam
ples,  the concepts discussed also can 
be useful wherever high-quality ana
log signals require transmission. 

In today's professional audio world, 
signals by and large get transmitted in 
a balanced, or differential mode. This 
fact is simply due to the much greater 
noise immunity of this method , vis-a
v i s  the more s imple  s ingl e - e n d e d  
method. By its nature, the latter tech
nique is highly susceptible to noise.  

Yet ,  even within the profes sional 
audio world, there is no real unanimity 
on signal driver and receiver circuits 
for use within balanced circuits- they 
take on many different forms and have 
differing performance. 

This column take s a brief look at 
some problems which impact overall 
circuit performance in terms of com
mon-mode ( C M) noise susceptibility, 
and illustrates how careful hardware 
choices can lower system cost and size, 
plus maintain excellent performance. 

Source and Load Interactions: Some 
recent attention has focused on the 
general problem of noise susceptibility 
in audio system interfacing.1 •2 The dis
cussions below are concerned with how 
a balanced audio system driver and re
ceiver can interact and produce unde
sired side effects in the form of noise 
susceptibility. Also, some suggestions 
for practical solutions are offered. 

In most simple form, a balanced au
dio transmission system consists of a 
differential output driver, an intercon
necting cable, and a differential input 
receiver. The driver produces nomi
nally equal and out-of-phase output sig
nal s ,  with some characteristic (and 
matched) source impedance seen at the 
two terminals .  As will be seen, from a 
noise susceptibility standpoint, it is 
highly desirable that these two imped
ances be well balanced, i .e . ,  matched. 
The driver is connected to the input end 
of a balanced transmission line,  typi-

cally a shielded twisted pair. At the op
posite end of this line, a differential-in
put receiver receives the balanced sig
nal, and (ideally) rej ects CM voltages. 
As it turns out, the design of both the 
driver and the receiver have great in
fluence upon how well  the overall  
scheme works in transmitting a noise
free audio signal from driver to re
ceiver. References 2 and 3 discuss dif
ferent driver and receiver types, active 
and passive. These papers bring out the 
degradation in noise susceptibility ac
tive receivers can trigger if they do not 
have input characteristics that are an 
appropriate complement to the system 
driving impedances. 

From a noise introduction 
point of view, the balanced 
transmi ssion system we're 
talking about can be analyzed 
as a bridge circuit, such as that 
shown in Figure 1 .  Here, two 
source resistances R s 1  and 
Rs2 correspond to the output 
resistances of the differential 
driver voltage sources (which 

TIP: On the other hand, bridge sen
sitivity is minimized when the upper 
arm resistances are low in relation to 
t h o s e  of  the l o w e r  arm s .  Thi s  im
proves substantially as RIN becomes 
» RS. Or, in an audio system, as the 
driver Rs is by design made much less 
than the receiver RIN.  

I n  the example shown , there is a 
1130,000 ratio between the RslRIN up
perllower elements. This factor makes 
relatively high-percentage changes in 
either the upper (or the lower) arm re
sistances a somewhat harmless phe
nome n o n ,  or in  other word s ,  value 
changes will  have little C M R  effect 
upon the output. For example, for the 

Figure 1 values  and a 1 0 %  
change i n  o n e  R s ,  this pro
d u c e s  an output which is 
about 1 10 dB down from the 
noise voltage V C M .  By con
trast,  if  all  the bridge values 
were equal, the same 10% de
viation would produce an out
put only 26 dB down! 

are not explicitly shown). In- WALl JUNG 
put resistances R IN 1 and R IN2 

In a real transmission sys
tem, there will be inevitable 
noise potentials developed 
between the respective dri-

correspond to the input resis-
tances of the differential receiver. 

It would be useful to examine some 
fundamental concepts of this bridge's 
behavior before focusing on any audio 
system specifics.  Such a bridge, when 
maximized for output sensitivity, will 
produce a differential output V OUT. 
which is highest as a function of a ele
ment unbalance when all four resis
tances are of the same order (for ex
amp l e ,  this is usually the case  in a 
transducer bridge). 

The following expression illustrates 
the intrinsic bridge common-mode re
j e ction (CMR) sensitivity when R I N  
and R s  are generally similar i n  value 
(for maximum sensitivity): 

ver and receiver chassis com
mon points, since they are located sep
arately and are powered with different 
ac power sources. As a result, the noise 
voltage so developed, V C M ,  in effect 
drives a bridge like Figure 1, formed 
by the differential driver outputs and 
the two downstream receiver inputs.  
As noted, dependent upon the bridge's 
relative sensitivity, some fraction of 
V CM will appear as a noise component 
of V OUT. Finally, it is important to real
ize that what has been discussed thus 
far addresses only how the most basic 
portion of this system generally im
pacts CMR. The line receiver design it
self obviously also has a big influence, 
and this is discussed next. 

A Buffered Input Line Receiver: The 
circuit of Figure 2 represents an ex
ample of a classic 3-op-amp instrumen
tation amplifier (in amp) topology, 
dressed up and optimized for use as an 
audio line receiver. The use of FET in-

m 
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VCM 
rv l V 

RS2 
50 

tance value s used for R I N  1 
and R1N2. 

W hile F E T  amplifiers are 
most useful here, they mast 
not be the general purpose 

.-----+----oVOUTHi types prone to sign-reversal, 

Receiver common 

�---oVOUTlo which could p o s sibly come 
about with combined large
signal and CM inputs. Both of 
the types listed have unique 
N - F E T  input stage s ,  with 
CM range s that a p p r o ach 
both rails without danger of 

put stage buffers in ampli
fiers U I A  and U I B  allows 
megohm - I e v e l  b i a s  r e s i s 
tance t o  b e  used for R I N  1 and 
RIN2, which greatly desensi
tizes this receiver against  
source loading and the poten
tial CM errors which can re
sult. Protection resistors Rpl 
and R p2 allow overvoltages 
at the two inputs by limiting 
amplifier fault currents. The 
input st age can u s e  either 
dual or single amplifiers, with 
p e rformance o p t i o n s  d e 
scribed below. 

The differential gain of the 
U l  stage (or Gl) is set by the 
R 1-R3 network, as: 

GI = 1 +  2RI 

R2 

where R l = R 3 ,  and R2 is 
u s e d  for o v erall gain 
programming. 

1 .  A conceptual diagram of a balanced line-driver source and a balanced 
line receiver with CM voltage can be shown as a bridge circuit. 
Resistances Rs 1 and Rs2 are the source resistances of the two driver 
outputs, while RIM 1 and RIM2 correspond to input resistances of the two 
receiver terminals. Noise voltage V (rAt which appears between the 
chassis common points of the driver and receiver, can, dependent upon 
the bridge's relative balance, develop an undesired noisy output signal. 
This noise voltage appears due to the CM to diHerential-mode 
conversion of the bridge, and once created, cannot be suppressed. Key 
to controlling this noise-injection mechanism is the control of 
impedances Rs and RIM and their relative balance. 

anomalous phase reversals. 
Wideband Ul operation also 
is a virtue, as this allows bet
ter high-fre quency perfor
mance before CM degrada
tion sets in. Finally, an FET 
input structure is  l e s s  sus
ceptible to R F  rectification 
problems, which can be criti
cally important in an audio 
line receiver used within an 
RF e n vironment.5  In gen
eral, as digital signal process

W hile the differential gain of Ul is 
as noted , the CM gain is  nominally 
unity, since the connection simply 
p a s s e s  C M  s i g n a l s  t o  the  o u t p u t .  
Thus, both differential and CM forms 
of signal are presented to the inputs 
of stage U2. Note, however, because 
differential and CM signals are scaled 
differently by U l ,  there is  a net po
tential gain in overall CMR. Practi
cally, it means that this overall config
urat i o n  c a n  achi e v e  u s eful  C M R  
figur e s  higher t h a n  t h e  i n t r i n s i c  
C M R  of U 2 ,  what e v e r  t h a t  figure 
may be. 

The U2 stage , a pretrimmed 4-re
s i s t  o r  in amp , s u p p r e s s e s  the C M  
component from U l ,  while amplifying 
differential signals by a factor of 112. 
This makes the net overall gain (G) of 
this line receiver: 

G = 0.5 + �  
R2 

For overall gains of 1, 2, and 4 times, 
the required gain resistance, R2 works 
out to be 10, 3.32, and 1.43 kO, respec
tively, using standard values. 

Seasoned analog designers may al
ready be wond ering what's so new 
about this circuit, as  it  has been around 
for at least  30 years  in s o l i d - s tate 
form.4 W hile that's true, some refine
ments here lend it worthwhile audio 

m 

utility. First, as mentioned, FET- input 
op amps for the U l  stages allow very 
low bias current, and load the inputs 
infinitesimally. Source loading will be 
essentially determined by the resis-

-In 0-.---'\ 

Receiver 
�--' common 

+In O-�--'\ 

Stage 1 
G1 = 1 + (2 x Rl/R2) 
U1A & U18 
A0823 (dual) 
A0825 (singles) 

+VS 

U1A -VS 

ing with resolutions greater than 16 
bits becoming more prevalent , good 
CM rej ection to frequencies apprecia
bly higher than audio bandwidths be
comes increasingly important. 

Stage 2 
G2 = 1/2 

U2 
SSM2143 

+VS O � o +1 5 V 
±..L Cl rl 1 00 flF/25 V 

+ C2 

-VS 0 T 1 00 flF/25 � -1 5  V 

Output 

2> 
-VS 

'v--O---.>-----o Output 
I common 

L _ _ _ _ _ _ _ _ _ _ _ _ _ _  J 

2. The buHered input line-receiver circuit shown can be used to maintain high-audio system CMR, 
even for instances where the source impedance may be unbalanced. Key to the operation is the 
use of FET-input amplifiers for stages U 1 A and U 1 B, and a high CMR in amp IC for stage U2. 
With proper selection of devices, CMR of 90 dB or more is possible up to several kilohertz, and 
as high as 80 dB at 20 kHz. Gain of this amplifier is programmable by selection of R2. 
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CM error XTALK (dBr) vs FREQ (Hz) for 5 samples AD823AN 25 SEP 97 1 0 ' 4 7 ' 07 
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3. The (MR performance of  five AD823 samples operating in  the circuit of  Figure 2 at a gain of  2 
is shown. Measured low-frequency (MR ranges from about 82 to 88 dB for four units, with one 
device showing an anomalous 1 1 8-dB (MR. 20-kHz (MR for the devices is centered around 75 
dB. 

Selection of the U2 device also has a 
great be aring on p erformance. AI-
though there are a number of unity-
gain 4-resistor in amps available for 
the U2 function, the choice here is for 
less than unity gain (in this case 0.5). 
Although the U 1  stage's output must 
swing twice that of U2 for U2 to ap-
proach clipping, this isn't a problem. 

Perfonnance: To demonstrate these 
concepts, a number of measurements 
were made on the F igure 2 line re-
c e i v e r  circu i t ,  u s i n g  b o t h  A D 8 23 
(dual) and AD825 (single) op amps for 
the U 1 A  and B positions,  an SSM2143 
for U2, and also with and without an 
isolation transformer preceding the 
amplifier. Although this basic 3-am-
plifier in amp structure can, in princi-
pie,  offer potential gains in CM per-
formance over the intrinsic C M R  of 
U 2 ,  t h i s  p h e n o m e n o n  is l e s s  p r o -

turn , h a s  i t s  output m o n i t o r e d  b y  
channel B .  This allows a swept nar-
row band tracking analysis, over a dy-
namic range approaching 150  dB at 
low frequencies, and ranging from 20 
Hz to 200 kHz. 

For initial test purposes ,  five U2 
devices were tested alone,  with low 

CM error XTALK (dBr) vs  FREQ (Hz) fo r  3 pa i r  samples AD825 

1 0  000 

- 1 0 . 00 

- 3 0  00  

- 5 0  00 

- 70 . 00 

- 9 0  00 - . - - - - - - - _  .. 

frequency C M  error ranging from 
-77.27 to -85. 16 dB. From this group, 
an intermediate device was then used 
in the complete circuit's testing (CMR 
= -80 dB). In the results following, the 
CM error curves displayed are in all 
cases referenced to a 0 dB calibration 
output level  from U2 of 1 ,  2, or 4 V 
rms,  for the various gains. The test in-
put l e v e l  to the F i g. 2 circuit w a s  
1 V rms . 

Figures 3 and 4 show CM error re-
suits for sample families of the AD823 
(f ive  unit s )  and the A D 8 2 5  (three 
pairs or  six total) ,  operating at  a gain 
of 2. In Figure 3, the AD823 CM er-
rors show gen erally consistent re-
suits at about an -85-dB level ,  with 
one anomalous device hitting an ap-
parent level-dependent "sweet spot" 
null for C M R .  Te sts  of this p art at 
higher/lower gain s  showed curv e s  
more like the general grouping o f  the 
other four devices. The CM error cor-
ner for these devices occurs at about 
2 k H z ,  s uffi c i e n t  f o r  a l l  p a r t s  t o  
achieve -50 dB o r  better C M  errors 
at 100 kHz, and around -75 dB or bet-
ter in the audio band. 

In Figure 4,  the AD825 CM errors 
s h o w  m o r e  c o n s i s t e n t  r e sult s ,  at 
about -90 dB or better l e v e l s .  F o r  
these devices, the CM error corner oc-
curs at 5 tolO kHz, sufficient for all to 
achieve -60 dB or better CM errors at 

25 SEP 97 1 0 ' 4 7 07 
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:----
. . n o u n c e d  at r e l a t i v e l y  l o w  o v eral l  

_ . ... gains, as is the case here (i.e.,  gains of . 
- -_ . - - - ' - -

1 , 2, or 4 times). And, it also i s  depen- - 1 1 0  0 

dent upon the specific U 1  and U2 per-
formance. Thus,  the CMR of both the 

- 1 30 . 0  
U 1  and U2 stage devices can and will 
effect the final measured CM perfor-
mance. - 1 50 0 

The t e s t  setup u s e d  employs  an 2 0  1 00 1 k  1 0 k l O O k  200k  

Audio Precision System 1 in a modi- 4. The (MR performance of three paired (six) AD825 samples within the circuit of Figure 2 at a 
fied crosstalk test mode, where chan- gain of 2 is shown. Measured low-frequency (MR ranges from about 89 to 1 06 dB for the pairs. 
nel A drives the test circuit, which in 20-kHz (MR for these pairs is around 80 dB. 
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CM error XTALK (dBr) vs FREQ (Hz) for AD825 receiver with differential Rs 25 SEP 9 7  1 5  4 6 . 42 
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5. The CMR performance of  the 89-dB CMR AD825 pair within the circuit of  Figure 2 at  a gain of 
2 is shown, as exercised with variable source resistance. In the upper plot, the diHerential CMR 
performance is shown for source resistances of 249 Q/249 Q (matched) and 249 Q/259 Q 
(mismatched), and the mismatched degradation is less than 2 dB. In the lower plot, the 
differential CMR performance is shown for lower source resistances of 50 Q/50 Q (matched) 
and 50 Q/55 Q (mismatched), and the mismatched degradation is less than 1 dB. 

1 00 kHz, and around -SO dB or better 
in the audio band. 

One criticism of active line receiver 
circuits has been high sensitivity to 
source resistance mismatches. In the 
relatively uncontrolled environment 
of real-world audio-system interfac
ing, source-resistance mismatches of 
a few ohms can be typical. Using 1 0  Q 
as an example, this level of mismatch 
is sufficient enough to ruin the CMR 
performance of  a 4-resistor- based sin
gle-op-amp line receiver such as U2, if 
and w h e n  t h e  r e c e i v e r  u s e s  r e s i s 
tances o n  the order of20 kQ, even if it 
is fed from a source resistance on the 
order of 2 5 0  Q or l e s s .  T h i s  can b e  
readily illustrated b y  a sample calcu
lation using the bridge circuit CMR 
relation s h i p ,  p lugging in  R s  resis
tances of 249 Q and 259 Q (a 4% mis
match), and using an RIN resistance of 
20 kQ. This d egree of mismatch for 
the 20-kQ loading conditions simply 
d estroys C M R ,  as it degrade s  to 66 
d B  with the source mismatched 4% 
( 1 0  Q). 

The buffered topology of Figure 2 
directly addresses this issue, as shown 
in the dual mismatched source resis
tance CM plots of Figure 5 .  In these 
tests,  the Figure 2 circuit is exercised 

m 

using one of the intermediate perfor
mance ADS25 op-amp-pair samples 
(-90-dB CM error), at a stage gain of2. 
The circuit is fed from two separate 
conditions of absolute source resis
tance, each of which is operated under 
both matched and mismatched source 
resistance condition s ,  to study the 
degradation with mismatching. 

In the upper curves of Figure 5 , 
the circuit is fed from a relatively
high resistance of either 249 Q/249 Q 
( m a t c h e d )  or 2 4 9  Q /2 5 9  Q ( m i s 
matched b y  4%).  The degradation of 
CM error here is relatively small , less 
than 2 dB.  

B y  c o ntras t ,  if  t h e  hypothetical  
20- kQ bridge cited above had been ini
tially matched to O.OS%, it would have 
a l OO - d B  C M R  when fe d fr om b a l 
anced 249 Q/249 Q sources. But for 20-
kQ loading, the same 1 0-Q, 4% source 
mis-match would result  in a 34 d B  
C M R  degradation ( 1 00-66). I t  i s  obvi
ous from the data that Figure 2's cir
cuit, even in spite of real CMR errors 
in U 1 A  and U l B ,  is still able to pro
d u c e  a dramatic  impro v e m e n t  ( a  
degradation o f  2 dB for the buffered 
circuit, versus 34 dB for the same mis
match and 20-kQ loading). 

I n  the lower curv e s  of F igure 5 , 
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e v e n  l o w e r  s o ur c e  r e s i s t a n c e s  o f  
50 Q/50 Q (matched)  a n d  50 Q/55 Q 
(mismatched) were used, and the CM 
degradation is this case is about O.S dB, 
even for the test condition of the rela
tively-high 5-Q, 10% mismatch . 

TIP: These two tests clearly make 
the point that l ower-value balanced 
source resistances such as 50 Q/50 Q 
aid in desensitizing the system CMR 
degradation against source mismatch. 
The designer does, of course, have the 
option of using even-higher input re
s istance  for R I N  1 and R I N2 , which 
would further reduce the source-mis
match sensitivity. Finally, we must 
also note that lower source resistance 
also will help to mitigate the effects of 
cable capacitance,  where small-per
centage imbalances can degrade CMR 
as a function of frequency. 

Transfonners: The classic solution to 
the CM isolation of audio signals is the 
line-input transformer.6,7 This device, 
usually a 1 : 1  wound unit, offers gal
vanic isolation and very high CM volt
age-breakdown ratings . It is a pre
ferred (or only) solution where true 
galvanic isolation is a necessity. A tele
phone line interface is one example. 

Transformers are also u s eful  for 
high- and consistent low- to middle
audio-fre quency CM p erformance , 
both from unit to unit , and also when 
immunity to v arying d i ffe r e n t i a l  
source resistance i s  sought. These fea
tures do come at some cost however, 
as quality transformers are not only 
pricey, they occupy a relatively large 
p ackage size vis-a-vis a s o lid- state 
equivalent. 

All of the various factors above are 
t h e  d e s igner's  u l t i m a t e  d e c i s i o n  
points ,  dependent upon the exact re
quirements. When optimized for high 
performance, it is not likely that either 
a completely solid-state or a trans
former-based line receiver solution 
will be considered either simple or low 
in cost. 

Interestingly, when the near-ulti
mate in low-frequency CM rej ection is 
re quired ,  a hybrid solution of a line 
transformer buffered by the Figure 2 
in-amp circuit can offer very-high per
formance,  as is shown by the data of 
Figure 6. 

In this test, a JT- l lP-16  line trans
former is operated with the secondary 
in both balanced and unbalanced ter
mination mode s ,  as buffered by the 
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6. The CMR performance of a 1: 1 hne transformer with a buffer amplifier consisting of the Figure 
2 circuit at unity gain is shown. In the upper curve, the transformer is operated with unbalanced 
secondary loading, and the CMR is above 1 1 0 dB at law frequency, degrading to just over SO dB 
at 20 kHz. In the lower curve reflecting bolanced loading, the CMR is generally about 20 dB 
better over almast the entire frequency range, actually approaching the noise floor at the lowest 
frequendes. 

Figure 2 circuit operated at unity gain. 
The transformer secondary is termi
nated in a 10-kO (2 x 5 kO) resistance, 
which is either center tapped to 
ground (balanced), or grounded on one 
winding end (unbalanced). The test re
sults show up to a 20-dB improvement 
for the balanced case, and the low fre
quency CM error is reduced to nearly 
-130 dB (approaching the noise floor 
of the instrumentation). While this 
buffered transformer circuit offers su
perlative low frequency CMR, it also 
can be noted that this degrades with 
rising frequency. 

Summary: Both active and passive 
solutions to minimizing CM noise have 
been explored, each with their own set 
of characteristics. Readers should 
take these data for general trends, as 
opposed to absolute performance lev
els. Both higher-performance as well 
as lesser devices no doubt exist in the 
transformer universe, which should be 
explored before settling on a final solu
tion. Similarly, there are numerous 
other op amps which could not be ex
ercised for this brief study, and cer
tainly both better and/or worse sam
ples can likely be found. 

The general problem of induced CM 

errors in differential signaling sys
tems (including balanced audio sys
tems) is fundamentally rooted in CM 
to differential-mode conversion. As 
the Figure 1 bridge shows, once CM 
signals undergo mode conversion, 
they become part of the desired signal. 

Errors of this sort are minimized by 
very carefully controlling CM loading 
of the differential sources, as shown by 
the example of Figure 2. Alternately, 
they are also controlled by maintain
ing differential mode (only) loading, as 
shown by the transformer example of 
Figure 6. 

To summarize, the active line re
ceiver discussed here offers excellent 
wideband CMR with low differential
source-resistance sensitivity, and can 
be customized in a variety of ways, in
cluding gain, CM input impedance, etc. 

TIP: This solid-state line-receiver 
has the virtues of better high-fre
quency CMR, as well as better CMR 
versus frequency flatness. While the 
circuit shown works well, optimization 
for a production role may need some 
enhancement for worst-case minimum 
CMR.  This can be done via careful 
trimming or selection of the U2 circuit, 
and/or selection of an optimum pair of 

singles for UIA and UlB. 
TIP: The buffered transformer ap

proach to a line receiver offers good to 
superlative low-frequency CM R, 
combined with "no tweak" operation, 
and, if used with an in amp for bal
anced secondary buffering, even fur
ther CMR reduction is possible. On 
the downside, there are negatives of 
cost, size, and degradation of CMR 
with frequency. 

Hopefully, this audio system perfor
mance discussion has been helpful. 
Comments are particularly welcome 
on experiences with noise-susceptibil
ity issues in balanced systems. Keep 
those cards and letters coming, and 
watch this space for future enhance
ments to these circuits. 
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