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AUDIO PREAMPLIFIERS

Audio signal preamplifiers (preamps)
represent the low-level end of the
dynamic range of practical audio cir-
cuits using modern IC devices. In
general, amplifying stages with input
signal levels of 10 mV or less fall into
the preamp category. This section
discusses some basic types of audio
preamps, which are:

B Microphone - including preamps for
dynamic, electret and phantom powered
microphones, using both transformer
and transformerless circuits operating
from dual and single supplies.

B Phonograph - including preamps for
moving magnet and moving coil phono
cartridges using a variety of topologies,
with detailed frequency response analy-
sis and discussion.

HE Tape - including preamp designs
useful for a wide range of playback
standards including NAB and IEC,
covering various time constants/tape
speeds.

In general, when working signals drop
to a level of 1 mV, the input noise
generated by the first system amplify-

ing stage becomes important for wide
dynamic range and good signal-to-noise
ratio. For example, if the internally
generated noise voltage of an input
stage is 1uV and the input signal volt-
age 1mV, the very best signal-to-noise
ratio possible is just 60 dB.

In a given application, both the input
voltage level and impedance of a source
are usually fixed. Thus, for best signal-
to-noise ratio, the input noise generated
by the first amplifying stage must be
minimized when operated from the
intended source. This factor has definite
implications to the preamp designer, as
a “low noise” circuit for low impedances
is quite different from one with low
noise operating from a high impedance.

Successfully minimizing the input noise
of an amplifier requires a full under-
standing of all the various factors which
contribute to total noise. This includes
the amplifier itself as well as the exter-
nal circuit in which it is used, in fact the
total circuit environment must be con-
sidered, both to minimize noise and to
maximize dynamic range and general
signal fidelity.
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A further design complication is the fact
that not only is a basic gain or signal
scaling function to be accomplished, but
signal frequency response may also need
to be altered in a predictable manner.
Microphone preamps are an example of

MIiCROPHONE PREAMPLIFIERS

The microphone preamplifier (mic
preamp) is a basic low level audio
amplification requirement. Mic preamps
can assume a variety of forms, consider-
ing the wide range of possible signal
levels, the microphone types, and their
impedances. These factors influence the

wideband, flat frequency response, low
noise amplifiers. In contrast, preamps
for phonograph and tape circuits not
only scale the signal, they also impart a
specific frequency response characteris-
tic to it.

optimum circuit for a specific applica-
tion. In this section mic preamps are
discussed which work with both high
and low impedance microphones, both
with and without phantom power, and
with transformer as well as
transformerless input stages.

Single-Ended, Single-Supply High-Impedance Mic Preamp

A very simple form of mic preamp is
shown in Figure 8.1. This is a non-
inverting stage with a single-ended
input, most useful with high-impedance
microphones such as dynamic and

piezoelectric types. As shown it has an
adjustable gain of 20-40 dB via variable
resistance RGAIN, and is useful with
microphones (or other sources) with
impedances of 6002 or more.

HIGH IMPEDANCE SINGLE SUPPLY MIC PREAMP
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" Figure 8.1
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The op amp used for Ul greatly affects
the overall performance, both in general
amplification terms but also in suitabil-
ity for single supply operation, as shown
here. In terms of noise performance, Ul
should have a low input noise with
>500Q sources, with the external circuit
values adjusted so that the source
impedance (microphone) dominates the
overall source resistance. For very low
noise on a single 5V power supply, very
few devices are suitable. Among these
the dual SSM-2135 and AD822 as well
as the single AD820 stand out, and are
recommended as first choices. Many
other low noise devices can work well in
this circuit when the total supply volt-
age is 10V or more, for example the OP-
275, and OP-270/470 types. The circuit
can also be easily adapted for dual
supply use, as noted below.

In this circuit, gain-determining resis-
tors Ry | | Rg (where Rgy + Rop, =
RGAIN) are scaled such that their total
resistance is less than the expected
source impedance, that is 1kQ or less.
This minimizes the contribution of the
gain resistors to input noise at high
gain. As noted, gain of the circuit is
adjusted in the feedback path via
resistor RgATN- Control of a micro-
phone or other low level channel signal
level is preferably done after it has been
amplified, as here.

Because of single supply operation,
input and output coupling is of neces-
sity via capacitors, three in the circuit
itself and 2 more for bypassing. These
should preferably be low ESR types
(which is a byproduct of the higher
voltage rating).

For lowest noise in the surrounding
circuit, the amplifier biasing must also
be noiseless, that is free from noise
added directly or indirectly by the
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biasing.m Resistors with DC across
them should have low excess noise, or
be AC-bypassed. Thus Ry, Rg, Rg, R7,
and Rg are preferably metal films, and
R7-Rg are bypassed. A 2.2V bias source
is provided from R7- Rg, which biases
the output of Ul about mid-supply. If
higher supply voltages are used, R7-Rg
can be adjusted for maximum output
swing for a particular amplifier.

While the SSM-2135 is optimum for Ul
when operating from low impedance
sources, the FET input AD820 (or
ADB822) is preferable when using high
impedance sources, such as crystal or
ceramic mics. To adapt the circuit for
such sources, Rg and R4 should be 1MQ
or more, and C1 can be a 0.1pF film
capacitor.

Bandwidth is about 30kHz at maximum
gain using the SSM-2135 , or about
20kHz for similar conditions with the
ADS822 (or AD820). Distortion and noise
performance will reflect the device
chosen for U1l and the source imped-
ance. With a shorted input, the
SSM-2135 has an output noise of about
110pVrms at a gain of 100, with a 1kHz
THD+N of 0.022% at 1Vrms into a 2kQ
load. The AD820 measures about
200puVrms with 0.05% THD+N under
similar conditions. For either device,
these figures will improve at lower
gains.

The circuit of Figure 8.1 is good if
modest performance and simplicity are
required, but will require attention to
details for best results. The input cable
to the microphone must be shielded,
and should be no longer than required.
Similar comments apply to any cable
used for RGATN- To adapt the circuit for
dual supply use, Rg is returned to
ground, and U1 is operated on symmet-
ric supplies FVs = +5V, +15V, etc.)
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Although microphones with impedances
of less than 600Q2 can be used with this
circuit, noise performance will not be
optimum, and many such microphones
also require a balanced input interface.

Electret Mic Interface

A popular microphone for speech record-
ing and other non- critical applications
is the electret. This is a polarized con-
denser microphone, typically with a
built in FET amplifier. The amplified
output signal is taken from the same
lead which supplies the microphone
with DC power, typically from a

5-10V DC source.

Figure 8.2 illustrates an interface
circuit which is useful in powering and
scaling the output signal of an electret
mic for further use. In this case the

Circuits which show methods of opti-
mizing noise performance with low
impedance, balanced output micro-
phones are illustrated below.

scaled output signal from this interface
is fed into the LEFT and RIGHT inputs
of an AD1848 or AD1849 16 bit CODEC
for digitization and processing. DC
phantom power is fed to the two mic
capsules by the RA-CA- Rp decoupling
network from the +5V supply, and the
AC output signal is tapped off by Cyn-
Rg, and fed into a scaling amplifier, Ul.
The Rp resistors may of course vary
with different electret mics and DC
supply voltages, and the values shown
are typical.

ELECTRET MIC INTERFACE FOR AD1848 OR AD1849 CODEC
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%RA, 4700 Res 7.5kQ Rps 10kQ %
ca [+ % U2 1.6
10m=l- % AD820 21 Zg 1846
RB RB +
c WW— OR
foke [0k N Re 5V | Co  AD1s4g
. I ?kﬁ - 47uF CODEC
R 4,1;7;5 F v U1A _f l_‘> LEFTIN
N BRI, NP (20k0)
R
ELECTRET Lo ME
CONDENSER CM ouT
MIC INPUTS qu [|C 20kQ OR
I Vo= 225V
R1
°,1N R2 W
@\/ [ ﬁ;‘&f - 47uF
RIGHT 4.7yF RIGHT IN
s UiB -—‘ |__> RiGHT
E RgWILL VARY WITH MIC + NP
B R1=20kQ, R2 = 20kQ/G (G = 4 VALUE SHOWN) U1 = SSM-2135
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Figure 8.2



The U1 scaling amplifier is a dual SSM-
2135 or AD822, and is used here to
normalize the mic signal to either a
1Vrms line level or 100mVrms mic level
required by the CODEC inputs, and
also to low pass filter it prior to digitiza-
tion. With a wide variety of electret
mics and operating parameters, some
scaling or normalization of signal level
is often required.

Here the scaling gain is simply R1/Rg,
and resistor Ry is selected as noted, to
provide the gain “G” so as to yield
1Vrms at the line inputs (or .1Vrms at
the mic inputs) of the CODEC, with the
rated output from the mic. Note that
since the U1l stages are inverting, G can
be greater or less than unity. For ex-
ample, it can be 4, as is shown here, or
as required to normalize any practical
input signal to an optimum level for the
CODEC. The amplifier’s low pass corner
frequency is set by the time constant
R1-C, resulting in a -3dB point of
36kHz. DC bias for the two U1 stages is
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provided from the CODEC, via the
Vryr or CMOUT pins, which provides
a filtered 2.25V reference voltage.

The low frequency time constants CyN -
Rp/Rg and Cq - 20kQ are wideband, to
minimize LF phase shift. For speech or
other narrowband uses, these (non-
polar) capacitors can be reduced to 1pF
or less.

If a more stable and quiet supply volt-
age for mics than the system 5V supply
is desired, a filtered and scaled version
of VR can be generated by the optional
U2 connnected as shown. The output
from U2 , rather than the output volt-
age from RA-Cp feeds the two Rps
directly. When an AD820 is used for
U2, resistors Rg-Rp scale VR up to 4V
for the values shown. Note that if
output voltages within 1V of the 5V
supply are required, the U2 op amp
must be a rail-rail device, such as an
ADB820 or AD822.

Transformer-Coupled Low-Impedance Mic Preamps

For any op amp, the best noise perfor-
mance is attained when the characteris-
tic noise resistance of the amplifier, Ry,
is equal to the source resistance, Rg.
Examples of microphone preamps that
make use of this factor are discussed in
this section. They utilize an input
matching transformer to optimize an
amplifier to a source impedance which
is not equal to the amplifier Ry,.

A basic circuit operating on this prin-
ciple is shown in Figure 8.3. In order to

select an optimum transformer turns
ratio to match a given source resistance
(Rg) to the characteristic Ry, of the op
amp in use, R must first be calculated
from data for e, and iy, as follows:

Eq. 8.1

where ey, is in V/VHz and iy, is in A/WHz.
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TRANSFORMER INPUT MIC PREAMP WITH 28 TO 50dB GAIN

+48V PHANTOM POWER U1 = SSM-2134
(OPTIONAL) OR OP-275
6.81kQ 6.81kQ +Vg
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2 I Y l .l %RL 30.1kQ .
3 I SE | 100k —L—
| l T~ Vs
1 4 | |8 Cn
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N. HOLLYWOOD, CA 91601 2b, 61.9Q 25V
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Figure 8.3

Then, a turns ratio for T1 may be
calculated as:

Ns _ |Rn Eq. 8.2

N, VR

where Ng/Ny, is the transformer second-
ary/primary turns ratio. For the
SSM-2134 amp, the values of e, and i,
are 3.5nV/Hz and 0.6 pA/NHz, respec-
tively; thus,
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Since both ey, and iy, vary with fre-
quency, Ry will also vary with fre-
quency. Therefore, a value calculated
for Ry, from the data sheet (such as
above) is most accurate at the specified
frequency. If the amplifier is to be
optimized for a specific frequency, then
the ey, and iy, values should be for that
frequency. However audio amplifiers
are wideband circuits, so some compro-
mise is likely. When available, a mini-
mum- noise-figure plot for the amplifier
will allow graphical determination of
the optimum source resistance for least
noise. '

For this case, an optimum transformer
turns ratio can be calculated to provide
the optimum R, to the op amp, working
from a given Rg. For example, if Rq is
150Q, then an optimum turns ratio for
an SSM-2134 (or other amplifier) with
an Ry, of 5.8kQ will be:



58 x10
\/1.5x102

Other devices with similar ep/i, (and
thus R) can also be so applied, for
example the OP-275, the OP-27 or
OP-37, and the OP-270/470 types, etc.

Ns _ /_fh
P RS
_ 3
~ 6.2

Since transformers are catalogued and
stocked in fairly narrow and specific
impedance ranges, a unit with a rated
secondary impedance in the range of
5kQ to 10kQ will be useful (since the
amplifier minimum noise impedance is
reasonably broad). Suitable units for
this purpose are the Jensen

JT- 13K7-A, JT-110K-HPC, and the
JT-115K-E. Of course, T1 must be
adequately shielded and otherwise
suitable for operation in low-level
environments.

The use of a matching transformer
allows the circuit to achieve an equiva-
lent input noise (referred to the trans-
former input) that is only a few decibels
above the theoretical limit, or very close
to the thermal noise of the source
resistance. For example, the thermal
noise of a 150Q resistor in a 20kHz
noise bandwidth at room temperature is
219nV. An actual circuit will have a
total input referred noise higher than
this ideal, due to the noise-degradation
of the transformer plus the op amp.

An additional advantage of the trans-
former lies in the effective voltage gain
that it provides, due to the step up
turns ratio. For a given circuit total
numeric gain, Gggtg], this reduces the
gain required from the op amp Ul,

Gy, to:

AuUDIO APPLICATIONS

Geur) = Giotal  Eq.8.3
Ng/ Np

Thus, in the composite circuit of Figure

8.3 gain Gygt4] is the product of the

transformer step up, Ns/Np, and

(R1 *+ R9)/R1, which is G(1y1). This has

advantages of allowing more amplifier

loop gain, thus greater bandwidth and

accuracy, lower distortion, etc.

The transformer input mic preamp
stage of Figure 8.3 uses the
JT-110K-HPC transformer for T1 with
a primary/secondary ratio of about 1/8
(150€/10k<Y). The op amp section has a
variable gain of about 3.3-41 times,
which, in combination with the 17.8dB
transformer gain, yields a composite
gain of 28 to 50 dB (26 to 300 times).
Transient response of the composite
amplifier (transformer plus U1) is
excellent.

The amplifier used as Ul is either a
unity gain compensated SSM-2134, or
an OP-275 section. Ul operates here on
supplies of +18V (up to +22V maxi-
mum), and can drive 600Q. The power
supplies used should be well regulated
and decoupled close to Ul, particularly
when low impedance loads are driven.

For best results, passive components
should be high-quality, such as 1%
metal film resistors, a reverse log taper
film pot for Ro,, and low ESR capaci-
tors for C1 & C3. Microphone phantom
poweringﬂz’3] can be used, simply by
adding the £0.1% matched 6.81kQ
resistors and a 48V DC source, as
shown. Close matching of the DC feed
resistors is recommended by the trans-
former manufacturer whenever phan-
tom power is used, to optimize CMR
and to minimize the transformer’s
primary DC current flow.[4] Note that
use of phantom powering has little or
no effect on the preamp, since the
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transformer decouples the CM DC the OP-275 and SSM-2134 devices,
variations at the primary. CMR in an respectively. The test conditions are
input transformer such as the 35dB gain, and successive input sweeps
JT-110K-HPC is typically 85dB or more resulting in outputs of 0.5, 1, 2, and
at 1kHz, and substantially better at 5Vrms into 600Q. For these distortion
lower frequencies. Lower impedance tests as well as most of those following
ratio types such as the JT-16A (below) throughout these sections, THD+N
have even higher typical 1kHz CMR, frequency sweeps at various levels are
i.e. 100dB. used for sensitivity to slewing related
distortions[5'7], while output loaded
Performance of this mic preamp for tests are used for sensitivity to load

THD+N is shown in the family of curves related non-linearities.
in Figures 8.4 and 8.5, reflecting use of

TRANSFORMER INPUT MIC PREAMP WITH OP-275
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout = 0.5, 1, 2, AND 5V rms, GAIN = 35dB, RL = 600Q
]

Ap
0.1
\\\\ /' I/
0.010 — — e
= 05V =
= — v o
Mo L o 2V ™
TITITTIT sV
0.001
20 100 1k 10k 20k
Figure 8.4
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TRANSFORMER INPUT MIC PREAMP WITH SSM-2134
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout = 0.5, 1, 2, AND 5V rms, GAIN = 35dB, RL = 6000
1

Ap
0.1
\\
N
0.010
N
T 05V
N Y T P S R T A
\ -~
== e LT H--=
— LA
il sV AT
0.001
20 100 1k 10k 20k
Figure 8.5

For the OP-275, as shown in Figure 8.4,
there exist three regions of interest, a
low frequency region below 100Hz
where distortion is largely due to the
transformer, a mid-band region from
100Hz-3kHz where distortion is lowest,
and the region above 3kHz where the
distortion rises. Over most of the fre-
quency spectrum THD+N is 0.01% or
less for medium output levels, becoming
slightly higher at high frequencies. For
the SSM-2134 performance shown in
Figure 8.5 there is the same rise at low
frequencies due to the transformer, but
THD+N is below 0.01% at all frequen-
cies above 50Hz, and at all levels.

The -3dB bandwidth of this circuit is
about 100kHz, and is dominated by the
JT-110K-HPC transformer and its
termination network, assuming a 150Q2
source impedance. Conversely, for
higher or lower source impedances, the
bandwidth will lower or rise in propor-

tion, so applications of this circuit
should take this into account. Some
provision should be made to control the
source impedance with a build-out pad
prior to the transformer, if it is to be
used with source impedances lower
than 1500.[4] One such example is
capacitor microphone capsules with
emitter follower outputs, which appear
as a =150 source.

A circuit functioning similarly to

Figure 8.3 but with servo control of
offset could also be an option, by using a
second op amp as a servo amp. Alter-
nately, the mic preamp in Figure 8.6
shows an optimized servo stage used for
this purpose, which allows elimination
of capacitors C1/C3 and direct coupling
to the load.

Finally, although this transformer

input preamp has been discussed in
terms of a low impedance source
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(microphone), the transformer-matching The noise figure is at a minimum when

technique is applicable to other trans- Rp = Rg; therefore, it is only necessary
ducers of any impedance. It is only to verify the source resistance for mini-
necessary to know the characteristic mum noise figure, which will be very
noise resistance of the op amp. If this close to Ry,. This resistance can then be
data is not given in terms of e, and iy, used in the transformer selection pro-
it is usually implicit from the curves of cess.

noise figure versus source resistance.

Very Low Noise Transformer Coupled Mic Preamps

A high performance low noise mic resistance amplifiers such as the
preamp is shown in Figure 8.6, using a AD797. The general topology is similar
lower ratio transformer, the Jensen to the previous transformer coupled
JdT-16A. This transformer has a lower preamp, but detailed differences allow
nominal step up ratio, about 2/1, and is for higher levels of performance.

optimized for use with lower noise

LOW NOISE TRANSFORMER INPUT MIC PREAMP

U2 = AD706JN +Vg +7V
+48V PHANTOM o o
POWER v @ Vv LoapF +hropF,
(OPTIONAL) » 25V

R10 c4
WWN——— A —s
6.81kQ 8.31kQ 10kQ 10k o.1|;lu= Re 0.1uF +A70uF,

T1, JT-16A TPt PRIZ 10k me .y, 25V
J1. | | (ENSEN) RIS 499KQ o, o0 - o= T T o
MIC | |RED YEL _ ‘ INE " RS A7V
2 I ) I ® i : YW 0
3 l U1 | : 49.3Q v
| l R Rp : ouT
1 1 | 6.19kq [ 4.53kQ 2|. Re, 100
er BRN ORG Cp R1, 2.5kQ
VL 620pF W U1 = AD797JN ® ®
e | il eatenk four
R7 Ré RS |
100k R3 1000 220pF
107 199k | _asska 100 T2, JT-11-DM
FILM Vg gcs, 1uF - (JENSEN)
OFFSET RO RoE OPTIONAL
TRANSFORMER-
COUPLED
OUTPUT
$1 GAIN, 20-50dB
SHORTING TYPE -
Figure 8.6
This preamp has switch selected vari- Figure 8.7. The range chosen is 20-
able gain, using switch S1 to alter Ro of 50dB, suitable for a wide range of uses,
the feedback network to vary Ul’s gain and gain is selected in 5dB increments.

(and thus overall gain) according to



AUDIO APPLICATIONS

R2 VALUES FOR 20 TO 50 dB GAINS

TOTAL GAIN, dB | U1 GAIN, dB |R2 (TOTAL), Q| “R2N", Q
50 44.4 15.15 15.0
45 39.4 27.07 11.8.
40 34.4 48.56 21.5
35 28.4 87.68 39.2
30 24.4 160.3 73.2
25 18.4 300 140
20 14.4 588.5 287

B T1 Provides a Fixed 5.6dB Gain
B R2N isindividual R2A, R2B, efc.
B Closest Standard Values are Shown

Figure 8.7

Inasmuch as the AD797 has high DC
precision as well as low distortion audio
characteristics, this circuit can be DC
coupled quite effectively. Initial device
offset of the AD797 is 80pV(max),
allowing a simple trim by R« to null
output offset. Offset is trimmed out
with the servo temporarily defeated by
grounding test point TP1, and trimming
the output DC to less than 1mV, while
at a mid-range gain setting of 35dB.
Offset shift with gain is only a few mV,
and is of little concern, as the servo
circuit composed of U2A and U2B holds
longer term DC offset to 100pV or less,
with very little gain interaction.

Performance of this mic preamp for
THD+N is shown in Figure 8.8, for
conditions of 35dB gain, and successive
input sweeps resulting in outputs of 0.5,
1, 2, and 5Vrms into 600Q. From these
data it is clear that essentially the only
distortion in the circuit is due to the
transformer, and this is quite small and
only present at the lowest frequencies.
Above 100Hz, the apparent distortion is
noise limited, continuing through to the
highest frequencies.
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LOW NOISE TRANSFORMER INPUT MIC PREAMP
THD + N (%) VERSUS FREQUENCY (Hz)

FOR Vout = 0.5, 1, 2, AND 5V rms, GAIN = 35dB, R = 6000
1

Ap
0.1
Y
\\“‘
0.010 \4§ 0.5V
Y
Y 9 ey s 2L v
‘Q

B S— p— P s K R o g e gt 9 O
Treredl sy Lo b bt

0.001 = ==
20 100 1k 10k 20k

Figure 8.8

The -3dB bandwidth of this circuit is
just under 150kHz, and while essen-
tially dominated by the JT-16A trans-
former and termination, reduces
slightly at the highest gain (50dB). Like
the previous transformer coupled cir-
cuit, this circuit also assumes a 150Q
source impedance, and similar caveats
in application are true. Reference [4]
includes information on both build out
and fixed loss input pads, and other
practical interfacing considerations for
transformers.

The basic circuit as shown is single-
ended with VopyT taken from Rg, but a

8-12

transformer can be added to drive
balanced lines. If used, T2 is a
JT-11-DM (or similar) nickel core type
for lowest distortion, and is coupled to
U1 as shown.

If very high levels of output drive are
necessary or long lines are to be driven,
a dedicated high current output driver
should be used with U1, as described in
the “Line Drivers” section. This can be
most easily implemented by making U1l
a composite amplifier employing an
ADT797 input section plus a unity-gain
follower output stage, using the AD811.
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Transformerless Input Low-Impedance Mic Preamp

Another method of amplifying low level
balanced mic signals is the use of a
transformerless differential input stage,
using an instrumentation amplifier (in-
amp) as the preamp. The in-amp @in IC
or other form) is configured for gain
with just one resistor. It provides
transformerless gain with good rejection
of CM noises such as hum, and has low
operating noise with commonly used
mics.

Figure 8.9 is an example of a low noise
transformerless mic preamp, using the
SSM-2017P (U1) and an OP- 275GP op
amp (U2). This circuit is a mic preamp
with gain variable over a range of 6-
66dB with an optional phantom power
feature.[8]

TRANSFORMERLESS INPUT MIC PREAMP

+Vg

PHANTOM POWER SUPPLY
CONNECTIONS,

INTERLOCKED WITH +/~Vg (SEE NOTE 5).

2200uF/ 10V
+
TO MICROPHONE F
[N
amnfl| S g o =
\V/ FILM G @
Ce2 | |
+
ok (
2200uF/ 10V !
[N : -1

1 z4
| 47uF/ 48.9Q 1

! g3V !

NOTES:
1) Z1-24 1N752 (SEE TEXT).

2) Ciwxs Cox LOW LEAKAGE ELECTROLYTIC TYPES (SEE TEXT).

3) GAIN = G = 2 x ((10k/Rg ) +1) (SEE TEXT).
4) ALL RESISTORS 1% METAL FILM.

5) DOTTED PHANTOM POWER RELATED COMPONENTS OPTIONAL (SEE TEXT).

+21V

I c6 _E c3
0.1uF 7T~ 100pF/25V
cr Atcs
AUF T~ 100uF/25V

ot T
21V

R3
4950
OUTPUT
She
& s g 2 OUT COMMON
AE:
10k <" C1
1uF FILM 1
L Byl
o—3| bt
u28 pz 1N4s8

OP-275GP

Figure 8.9

The SSM-2017 IC preamp is suitable
for use in transformerless mic preamps,
with an input noise of less than
1nV~Hz, high CM rejection and low
distortion. Gain of this 8 pin IC is set by
one external resistor, “R,”, and is
adjustable over a range of 1-1000 (0 to
60dB). Differential inputs at pins 2-3
allow balanced input signals, with a

single- ended output signal developed
between the output (6) and reference (5)
pins.

The SSM-2017 is used here in a gain-
programmable input stage, which then
drives a fixed gain of 2 OP- 275 high
current output buffer and DC servo.
The buffer provides low distortion drive
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into 600Q2 loads, with the second half of
U2 used as a servo, for low output DC
offset (< 2mV).

In the U1 stage, gain is set by resis-
tance R,. Combined with the gain of
two in the U2 stage, the overall preamp
numeric gain “G” is:

10,0000
G=2|:T+1J Eq. 84
g .

Ry can be either a reverse log pot, or a
switch controlled resistance used as a
gain control for the entire circuit. The
Rg value for a given gain G is:

_ 20,0000

Eq. 8.5
£ G-2

R

Figure 8.10 gives Ry values for various
gains, using the closest standard 1%
resistor values.

GAIN TABLE FOR TRANSFORMERLESS MIC PREAMP

GAIN GAIN IN dB Rg (Q)*
2 6 Open
4 12 10,000
10 20 2,490
20 26 1,100
31.6 30 681
40 32 523
100 40 205
200 46 100
316 50 63.4
400 56 49.9
1000 60 20
2000 66 10

* R@G is rounded to closest 1% value

Figure 8.10

Another important requirement for
transformerless preamps is that they
must be immune to transient damage
related to phantom power supplies.
With the use of microphone phantom
powering, 48V DC power is fed CM to a
remote mic capsule, while the balanced
audio signal received back from the mic
must be amplified cleanly with no side
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effects from the DC. For steady state
conditions this is simple, but switching
transients from the DC power can kill
an amplifier input stage if it is not
protected. Transformerless mic preamps
must be protected against power
surges, yet must also operate with best
performance.



—

Normally coupling capacitors Cj,1 and
Cin2 decouple the phantom power DC
level, passing the balanced audio signal
to Ul. But, when the phantom power is
switched on/off, or the mic cable is
plugged in/out, potentially destructive
transients of up to +48V are coupled
through Cjn1 and Cin9, and appear
across Rp1 and/or Ryg. If these tran-
sients are not safely dissipated, they
can cause destruction of Ul. This ap-
plies to virtually any amplifier input
stage, not just the SSM-2017, since
energy stored in the coupling capacitors
can develop peak discharge currents of
several amperes.

Here CM voltage limiting is used on
each of the differential input lines, with
pairs of back-to-back low voltage
zeners, Z1-Z2 and Z3-Z4, standard
400mW, Vz=5.1V units from the 1IN750
series. Peak current limiting for tran-
sient discharge is provided by the
protection resistors Ry1 and Rpo.

This preamp can be operated with or
without phantom power, so it is logical
to optimize input connections so that
those portions of the circuit not essen-
tial for phantom power are not in the
signal path and the 48V DC power
being switched off when phantom power
is not in use. When phantom power is
used, the 48V supply should be inter-
locked with the bipolar power supply of
the amplifier to prevent switching on
phantom power with the amplifier
circuitry off.

AUDIO APPLICATIONS

Another source of problems with high
gain preamps is radio frequency inter-
ference (RFI). Input capacitor Cy, filters
frequencies above 135kHz before they
reach the preamp input. In addition,
further filtering is provided in the
second stage by Rg-Cs, at 241kHz.

Additional RFI filtering can use several
methods. Separate low resistance inline
RF chokes or a single common mode
choke can be used in series with the two
inputs. RF bypassing of the SSM-2017
input transistors can also be used, from
pins 1-2 and 3-8 (shown on the sche-
matic as Cp£1/Cy2).

This amplifier’s performance is quite
good over gain ranges of 6-66dB

(2/1 to 2000/1). For a typical audio load
of 600Q, THD+N at various gains and
an output level of 10Vrms is consistent
and well below 0.01%, for all but the
highest gains, where it becomes more
limited by noise, as shown in Figure
8.11. Noise performance is quite good,
at an operating gain of 1000 it is
equivalent to 1nV/VHz referred to the
preamp input. Maximum output is a
function of the power supplies, and can
be as high as 10Vrms. Note that output
resistor Rg limits available swing
driving 600€, but should be retained for
short circuit protection. Supply voltages
on the order of £20V are appropriate for
highest output into 600, but the
circuit can also be operated on lower
supply voltages with lower maximum
output.
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THD + N PERFORMANCE OF TRANSFORMERLESS MIC
PREAMP VERSUS GAIN FOR Vout = 10V rms, R = 600Q

0.1
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T
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T //
G=4 » {//
N N e
A
/ =y ~
G=200 \ G=20
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Figure 8.11

The SSM-2017 device architecture is
basically similar to family predecessors
SSM-2015 and SSM-2016, but without
access to the internal gain resistors
(because of the 8 pin package). Both the
SSM-2015 and SSM-2016 can be ap-
plied in circuits similar to Figure 8.9

8-16

with phantom powering, and have
virtues in their own right. For example,
the SSM-2016 can use supplies of up to
+36V, and has a high current output
stage (#40mA minimum). This enables
it to drive low impedance audio loads to
high levels. :



—

AuUDIO APPLICATIONS
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RIAA PuHoNO PREAMPLIFIERS

An example of an audio range preampli-
fier application requiring equalized
frequency response is the RIAA phono
preamp. While present day LP record
sales are quickly fading with the estab-
lishment of new digital media, for
completeness equipment will still be
designed to include phono playback
stages for some time. RIAA preamp
stages, as amplifiers with predictable
non-flat frequency response, have more
general application connotations. The
design techniques within this section

RIAA Basics

The RIAA equalization curvelll is
shown in Figure 8.12, expressed rela-
tive to DC. This curve indicates maxi-
mum gain below 50 Hz (f1), with two
high-frequency inflection points. Above
f1, the gain rolls off at 6 dB/octave until
a first high-frequency breakpoint is

are specific to RIAA as an example, but
are applicable to other frequency depen-
dent amplitude designs in general.

The techniques are also useful as a
study tool, considering the various
approaches which have been advanced
to optimize the function of high perfor-
mance gain with predictable equaliza-
tion (EQ). These last two points make
these discussions useful in a much
broader sense.

reached at 500 Hz (f2). Gain then
remains relatively constant until a
second high-frequency breakpoint is
reached at 2.1 kHz (f3), where it again
rolls off at 6 dB/octave through the
remainder of the audio region and
above.

IDEAL RIAA DE-EMPHASIS (3180, 318, 75us)
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Figure 8.12

8-18



#

Use of a low frequency rolloff (fO, not
shown) is at the option of the designer.
It can be extended towards DC, or,
alternately, rolled off at a low frequency
below 50 Hz. When applied, this roll off
is popularly called a “rumble” filter,
since it reduces turntable/record related
low-frequency disturbances and lessens
the possibility of system and low-
frequency driver overload. This rolloff
may or may not coincide with a fourth
time constant.

However, gain at the frequencies f1, {2,
and f3 describes the basic RIAA curve.
This curve is also described in terms of
three corresponding time constants, T1,
T2, and T3, defined as 3180us, 318us,
and 75us, respectively.[l] (Note: T1-T3
are here described as they correspond to
ascending frequency, or the reverse of
the terminology in 1]. The time con-
stants themselves are identical, how-
ever). An IEC amendment to the basic
RIAA response adds a fourth time
constant of 7950us, corresponding to an
£0 of 20Hz when used.[2] Use of this
rolloff has never been standardized in
the US, and is not treated in great
detail here.

AuDIo APPLICATIONS

The characteristic gain in dB for an
RIAA preamp is generally specified
relative to a 1kHz reference frequency.
From Figure 8.13, a complete 10-
100kHz relative decibel table for the
three basic RIAA time constants, the
1kHz gain is 19.91dB below the DC
gain (column 38). Expressed in terms of a
gain ratio, this means the ideal 1kHz
RIAA preamp gain is 0.101 times the
DC gain. This constant 0.101 is unique
to all RIAA preamp designs following
the above curve, therefore it can be
designated as “KRTJAA”, or:

Kgrjaa =0.101 Eq. 8.6
This constant logically shows up in
various gain expressions of the RTAA
preamp designs which follow. Since the
shape of the standard RIAA curve is
fixed, specifying gain for a given fre-
quency (1kHz) defines the gain for all
other frequencies. For convenience,
Figure 8.13 shows gains relative to
1kHz (column 2), and to DC (column 3).
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Notes:

IDEALIZED RIAA FREQUENCY RESPONSE

FREQ

1.000E+01
1.259E+01
1.585E+01
1.995E+01
2.512E+01
3.162E+01
3.981E+01
5.012E+01
6.310E+01
7.943E+01
1.000E+02
1.258E+02
1.585E+02
1.995E+02
2.512E+02
3.162E+02
3.981E+02
5.012E+02
6.310E+02
7.943E+02
1.000E+03
1.259E+03
1.585E+03
1.995E+03
2.512E+03
3.162E+03
3.981E+03
5.012E+03
6.310E+03
7.943E+03
1.000E+04
1.259E+04
1.585E+04
1.995E+04
2.512E+04
3.162E+04
3.981E+04
5.012E+04
6.310E+04
7.943E+04
1.000E+05

VDB

1.974E+01
1.965E+01
1.950E+01
1.928E+01
1.895E+01
1.847E+01
1.781E+01
1.694E+01
1.584E+01
1.455E+01
1.309E+01
1.151E+01
9.877E+00
8.236E+00
6.645E+00
5.155E+00
3.810E+00
2.636E+00
1.636E+00
7.763E-01
8.338E-07
-7.682E-01
-1.606E+00
-2.578E+00
-3.726E+00
-5.062E+00
-6.572E+00
-8.227E+00
-9.992E+00
-1.184E+01
-1.373E+01
-1.567E+01
-1.763E+01
-1.960E+01
-2.158E+01
-2.357E+01
-2.557TE+01
-2.756E+01
-2.956E+01
-3.156E+01
-3.356 E+01

VDB(5)(2)

-1.684E-01
-2.639E-01
-4.109E-01
-6.341E-01
-9.654E-01
-1.443E+00
-2.103E+00
-2.975E+00
-4.067E+00
-5.362E+00
-6.823E+00
-8.398E+00
-1.003E+01
-1.167E+01
-1.327E+01
-1.476E+01
-1.610E+01
-1.727E+01
-1.828E+01
-1.913E+01
-1.991E+01
-2.068E+01
-2.152E+01
-2.249E+01
-2.364E+01
-2.497TE+01
-2.648E+01
-2.814E+01
-2.990E+01
-3.175E+01
-3.365E+01
-3.558E+01
-3.754E+01
-3.951E+01
-4.149E+01
-4.348E+01
-4.548E+01
-4.747E+01
-4.947E+01
-5.147E+01"
-5.347E+01

(1) denotes 1kHz 0dB reference

(2) denotes DC 0dB reference

Figure 8.13
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It can also be seen from the RIAA curve
of Figure 8.12 that the gain characteris-
tic continues to fall at high frequencies.
This implies that an amplifier with
unity-gain stability for 100% feedback
is required, which can indeed be true, if
a standard feedback configuration is

AUDIO APPLICATIONS

used. There are many circuit ap-
proaches which can be used to accom-
plish RIAA phono-playback equaliza-
tion, but all must satisfy the general
frequency response characteristic of

Figure 8.12.

Equalization Networks for RIAA Equalizers

Two EQ networks well suited in prac-
tice to RIAA phono reproduction are
illustrated in Figure 8.14a and 8.14b,
networks N1 and N2. Both networks
with values as listed can yield with high
accuracy the three standard RIAA time
constants of 3180, 318, and 75us as
outlined by network theory.[3:4’5’6]

For convenience, both theoretical values
for the ideal individual time constants
are shown (left), as well as closest fit
standard “no trim” values (right).
Designers can of course, parallel and/or
series such R and C values as may be
deemed appropriate or practical, adher-
ing to network theory.

RIAA NETWORKS (T1 = 3180ys, T2 = 318ps, T3 = 75ps)

R1
R % ]—02

2
I C1

3

R1

2 A: "N1"NETWORK

THEORETICAL

R1 =9.79kQ
R2 = 789.3Q
C1=0.3pF

C2 = 0.1029uF

THEORETICAL
R1 =7.290kQ

1 2 B: "N2" NETWORK
l le
c2

B!

3

R2 =1.06kQ
C1=0.3uF
C2 = 0.1029yF

Figure 8.14

CLOSEST FIT

R1 =9.76kQ

R2 =787Q

C1 = 0.3uF (BASE)
C2 = 0.1yF +3nF

CLOSEST FIT

R1=7.32kQ

R2 =1.05kQ2

C1 = 0.3uF (BASE)
C2 = 0.1pF +3nF
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Of course there are an infinite set of
possible RC combinations from which to
choose network values, but practicality
should rule any final selection. A theo-
retical starting point for a network
value selection can begin with any
component, but in practice the much
smaller range of available capacitors
suggests their selection first, then
resistors, from their much broader span
of (stock) values. Note that precision
film resistors can in fact be obtained (on
special order) in virtually any value, up
to several megohms. The values listed
here are those taken as standard from
the E96 series.

Very high standards of EQ accuracy are
possible, to tolerances of noticeably
better than +0.1dB (see for example
data from[8] also quoted in [6]). In the
design process however, there are
several distinct general aspects of EQ
component selection which can affect
the ultimate accuracy. These are worth
reviewing before embarking on a de-
sign.

B The selection tolerance of the compo-
nent defines how far an ideal (zero
manufacturing tolerance) component
deviates from the theoretical value. A
good design will seek to minimize this
error by using either carefully selected
standard values, or series and/or shunt
combinations, so as to achieve selection
tolerance of less than 1%, preferably
zero.

B The manufacturing tolerance of the
component defines how far an otherwise
ideal component deviates from its
stated catalog value, such as 1, +2%,
etc. This can obviously be controlled by
tighter specifications, but usually at
some premium, particularly with ca-
pacitors of £1% or less. Note that a
“hidden” premium here can be long
delivery times for certain values. Care
should be taken to use standard stock

8-22

values with capacitors— even to the

extent that multiple standard values
may be preferable (3 times 0.1puF for
0.3uF, for example).

B Topology-related parasitics must also
be given attention, as they can also
potentially wreck accuracy. Amplifier
gain-bandwidth is one possible source of
parasitic EQ error. However, a more
likely error source is the parasitic zero
associated with active feedback equaliz-
ers. If left uncompensated below
100kHz, this alone can be a serious
error.

In any event, for high equalization
accuracy to be “real”, once a basic solid
design is selected the designer must
provide for the qualification of compo-
nents used, by precise measurement
and screening, or tight purchase toler-
ances. An alternative is iterative trim-
ming against a reference standard such
as [9], but this is not likely to be attrac-
tive for production. An example is the
data of 8], derived with the network
of.[9] 1f used, the utility of such a trim
technique lies in the reduction of the
equipment accuracy burden; the com-
parator used need have high resolution,
but accuracy is transferred to the
network comparison standard used.

It should be understood that an appro-
priately selected high quality network
will yield excellent accuracy, for ex-
ample either N1 or N2 with the “closest
fit” (single component) values of exact
value yield a broadband error of about
+0.15dB. Accuracy about 3 times better
than this is achieved with the use of N1
and the composite Co, as noted. The
composite Cq is strongly suggested, as
without it there is a selection error of
about 3%.

It is strongly recommended that only
the highest quality components be
employed in these networks.



Regardless of the quality of the remain-
der of the circuit, it is evident that the
equalization accuracy and fidelity can
be no better than the quality of these
components used to define the transfer
function. Thus only the best available
components should be used in the N1
(or N2) RC network, selected as follows:

B Capacitors— should have close initial
tolerance (1-2%), a low dissipation
factor and low dielectric absorption, be
non-inductive in construction, and have
stably terminated low-loss leads. These
criteria in general are best met by
capacitors of the Teflon, polypropylene
and polystyrene film families, with 1-
2% polypropylene types bein% referred
as the most practical.[10,11, 2% Types
which should be avoided are the “high
K” ceramic families, while in contrast,
“low K” ceramic types, such as “NP0” or
“COG” dielectrics, have excellent dissi-

- pation factors. While not recommended
as readily as the best film types (their
DA is not as well controlled as the best
films), they may be worth consideration
for small values and/or where space is
at a premium.

B Resistors— should also be close
tolerance (<1%), have low non-linearity
(low voltage coefficient), be temperature
stable, with solid stable terminations
and low-loss non-inductive leads. Types
which meet these criteria best are the
bulk metal foil types and selected thick
films, or selected military grade RN55
or RN60 style metal film resistor

types.[13]

RIAA Equalizer Topologies

There are of course many different
circuit topologies which can be used to
realize an RIAA equalizer, and three
possible ones are illustrated in funda-
mental form in Figures 8.15 through
8.17 of this section. Dependent upon the

AupIo APPLICATIONS

The specific component values sug-
gested may not be optimum from a low
impedance and low noise standpoint,
but the practical realities for general
use will most likely deter the use of
appreciably lower ones. For example,
one could reduce the input resistance of
either network to 1kQ, and thus lower
the input referred noise contribution of
the network. But this in turn would
necessitate greater drive capability
from the amplifier stage, and raise the
C values to 1-3pF, where they are large,
expensive, and very difficult to obtain.
This may be justified for some uses,
where performance is the guiding
criterion rather than cost effectiveness,
or the amplifiers used sufficiently low in
noise to justify such a step. Regardless
of the absolute level of impedance used,
the components should be adequately
shielded against noise pickup, with the
outside foils of C; or C9 connected to
common.

These same N1/N2 networks can suffice
for both active and passive type equal-
ization. Active (feedback) equalizers use
the network simply by returning the
input resistor (R7) to common, that is
jumpering points 1-3, and employing
the network as a two-terminal imped-
ance between points 1+3, and 2. Passive
equalizers use the same network in a
three terminal mode, interstaged be-
tween two wideband gain blocks.

type of phono cartridge to be used, the
1kHz gain of the preamp can range
from 30-70dB.

Magnetic phono cartridges in popular
use consist of two basic types: moving
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magnet and moving coil. The moving
magnet types, which are the most
familiar, are suitable for the first cir-
cuits to be described. The moving coil
cartridge types are higher performance
devices; they are less commonplace but
still highly popular.

Functionally, both types of magnetic
cartridges perform similarly, and both
must be equalized for flat response in
accordance with the RIAA characteris-
tic. A big difference in application,
however, is the fact that moving mag-
net types have typical sensitivities of
about 1 mV of output for each cm/s of

recorded velocity. In moving coil types,
a sensitivity on the order of 0.1 mV is
more common (for a similar velocity). In
application then, a moving coil RIAA
preamp must have more gain than a
moving magnet preamp. Typical overall
(1 kHz) gains are 60-70 dB for moving
coils and 30-40 dB for moving magnets.
Noise performance of a moving coil
preamp becomes critical, however,
because of low-output voltage and low
impedance involved—typically 3-40
ohms. The following circuits illustrate
techniques that are useful in meeting
these requirements.

Actively Equalized RIAA Preamp Topology

The most familiar topology is shown in
Figure 8.15, and is called an active
feedback equalizer, because the net-
work N used to accomplish the EQ is
part of an active feedback path.[10,14]
In these and the following discussions it

is assumed that the input from the
pickup is appropriately terminated by
R¢-Cy, which are selected for flat re-
sponse. The following discussions deal
with the frequency response of the
amplifier, given this ideal input signal.

ACTIVE FEEDBACK RIAA EQUALIZER

PHONO
PICKUP

1
¢ PHONO

SIGNAL

v

R5
h e
U1 —& T 0
- l Vour
1,3 c3 I
"N" T
o @-mmssy |
X Em
R3

Figure 8.15
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Assuming a sufficiently high gain
amplifier for U1, the gain/frequency
characteristics of this circuit are deter-
mined by the network. Gain of the stage
is set by Rg, and the output is available
at a low impedance, VouT. The gain of
this stage at 1kHz is defined by the
RIAA curve and resistors R7 and Rg
(where R1 is part of network N1), and
is:

R
G(lkHz) = 0.101(1 + —Ié) Eq. 8.7

where 0.101 is the RIAA constant,
KRr1aa-

An ideal RIAA response falls with
increasing frequency, and will be less
than unity at some high frequency. The
basic topology of Figure 8.15 cannot
achieve this, as the minimum gain
approaches unity at some (high) para-
sitic zero frequency, where the network
equivalent series capacitive impedance
becomes equal to Rg.

However, the practical consequence of
this may or may not be of significance,
depending upon where the zero fre-
quency falls. If this is well above audi-
bility (= 100kHz), it will introduce some
equalization error at the upper end of
the audio range, but this may be small.
If this frequency is as low as 100kHz,
the (uncorrected) error at 20kHz is
about 0.3dB.

AvupI10 APPLICATIONS

Fortunately, this error can be exactly
compensated by a passive low-pass
filter after the amplifier, R5-Cg. The
time constant of this filter is set to
match the time constant of the zero, T4,
which is:

T4 =Rg X CEQUIV Eq. 8.8

where Rg is a value required for gain in
the specific design, and CEQUTV is the
series equivalent capacitance of net-
work capacitors C1/Co, or:

C1Cq

el S 20 Eq. 8.9
Cl + Cz

Crquiv =

For example, if CRQUTV of network N1
is 7.6nF and Rg = %OQ, the required
R5-Cg time constant is T = 1.5ps, which
can be compensated with Rg = 499Q
and Cg = 3nF. Note that this design
step increases the output impedance of
the circuit, making it more susceptible
to load variations. Therefore this mea-
sure should be weighed against the
added parts complexity and the loading
tradeoffs.

In some designs, a resistor Ry (dotted)
may be used in series with N (for ex-
ample, for purposes of amplifier stabil-
ity at a gain higher than unity). With
R4 present, time constant T4 is calcu-
lated as:

T4=(Rg+ Ry % CEQUIV Eq. 8.10
and the R5-Cg product is then chosen to
be equal to this T4.
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Passively Equalized RIAA Preamp Topology

Another design approach is a so-called
passively equalized preamp.[lo] A
basic circuit which can be used for such
RIAA phono applications is shown in

Figure 8.16. This consists of two high
quality wideband gain blocks, Ul and
U2, separated by a three terminal
network, “N” (either network N1 or N2).

PASSIVE RIAA EQUALIZER

PHONO U 2
SIGNAL 1 "N
’ R4 3
R3

U1, U2 ARE WIDEBAND GAIN BLOCKS

Figure 8.16

The gain stages are set up for the
required total gain, with R4-Rg and Rg-

R Rg
GxHy) = 0.101(1 + é) (1 + =

The op-amp gain blocks could be made
identical for purposes of simplicity but
are not necessarily. A preamplifier
topology such as this must be optimized
for signal-handling capability, both
from an overload standpoint and for low
noise. Stage U1l is chosen for a gain
sufficiently high that the input-referred

8-26

Rs. In general, the 1kHz gain of this
circuit is:

Eq. 8.11

noise will mostly be due to this stage
and the cartridge, but yet not so high
that it will clip at high-level high-
frequency inputs. Amplifiers with a 10V
rms output capability (+18V supplies)
allow U1 to accept ~400 mVrms with a
gain of 25 at high frequencies.
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Hybrid Equalized RIAA Preamp Topology

By using a combination of passive/ addition, “hybrid” equalization can use
active or “hybrid” equalization, the either an instrumentation or an op amp
noise/overload constraints of the totally input stage for best noise performance
passive equalization is lessened.[15] In (Figure 8.17).

HYBRID (PASSIVE AND ACTIVE FEEDBACK) RIAA EQUALIZER

Il c2
I
R2 R3
VWA WW—2
+
O—+
PHONO R1 u2 ©
SIGNAL Ry U1 WA _L - Vout
v lr s
E U1, U2 ARE WIDEBAND GAIN BLOCKS Ty =R3+C2=3180us
B U1 CAN BE AN INSTRUMENTATION . C2(R24RY s
AMP OR AN OP AMP 2 R2+R3+R4

T3 =R1C1 =75ps

Figure 8.17
Here U1 is shown as a differential used for U1). Overall, the gain of this
input amplifier, which accepts a bal- entire circuit is the product of the Ul-
anced signal from the phono cartridge, U2 stage gains, as modified by the
and amplifies it by a wideband gain of RIAA frequency response. At 1kHz, the
Gwy (which is the gain of the device gain is:

Ro +R3 + Ry
G(lkHz) = O.lOl[G(Ul)] 1+ _T— Eq. 8.12

Unlike the previous equalizers, the optimized by using less gain in stage
three time constants in this circuit are U2. The gain of stage Ul in this circuit
not set by a single network, but by the Gy is used to adjust overall gain,
relationships shown in the Figure 8.17. whether Ul is an in- amp, or a conven-
This has the advantage of less interac- tional op amp stage.

tion, and noise performance can be
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Active Feedback RIAA Phono Preamp

Figures 8.18 and 8.20 illustrate two
variants of the most popular approach
to achieving a simple RIAA phono
preamp using active feedback. Figure
8.18 is a high-performance DC coupled
version using the recommended preci-
sion components. Amplifier Ul provides

the gain, and equalization components
R1-R9-Cj-Co form the RIAA network,
providing a very accurate realization
with standard component values. (The
network used here is N1 of Figure
8.14a, with terminals 1 and 3 common
and values scaled 10x).

ACTIVE FEEDBACK RIAA PREAMP (DC COUPLED)

+Vg o o+H17V

0.4pF | 1oom=j:‘
1T T

*USE HEAT
SINK WITH AD845
G T ronelr
Vs 0.1 uFT T
=V s o =17V
+
) 3
U1t ?I ﬁRASA,A o

AD845

A 10uF PPFILM | 4990 Vout

1 (0.47uF PP FILM)
-V s
a1 0.03uF
97.6!6’2 - R2 ca 3C4I'= P -
T
7.87 “Jo.103uF
R4
100kQ
2000 (34dB) %ns (16.9kQ)
0

100Q (40dB) 47

B R1,R2,R3,C1,C2 ARE 1%

B ( )=ALTERNATE VALUES FOR RUMBLE FILTER

Figure 8.18

The actual network components should
be 1% precision high-quality types, both
for initial equalization accuracy and
also for minimal errors from parasitic
properties. High-quality metal-film
resistors and film capacitors of polysty-
rene or polypropylene are recom-
mended.
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The input RC components, R¢-Ct,
terminate the moving magnet cartridge
with values recommended by the manu-
facturer. The values shown are typical,
with C; variable for flattest response.
Note that these comments apply gener-
ally to all the RIAA circuits that follow.



The amplifier parameters required for
optimum performance of this circuit are
demanding. For lowest noise from the
cartridge’s inductive source, the ampli-
fier should have a voltage noise density
of 5 nV/NHz or less, and a current noise
density of 1 pA/NHz or less. The former
requirement is best met by using low-
noise bipolar-input amplifiers, such as
the OP-27, OP-270, OP-275, and SSM-
2134 or 5532/5534 types. The latter
need is best met by the use of FET-
input amplifiers in general.

For bipolar-input amplifiers, DC input-
bias current can be a potential problem
when direct coupling to the cartridge, so
in this directly coupled circuit an op
amp with a low input bias current
amplifier is suggested. If a bipolar input
amplifier is used for U1, it should have
an input current of <100nA for mini-
mum problems with DC offset (assum-
ing a typical phono cartridge of about
1kQ resistance). Examples here are the
OP- 27, OP-270 and related devices.

FET-input amplifiers generally have
negligible bias currents but they also
tend to have a higher voltage noise.
FET-input types useful for Ul are the
AD845 and SSM-2131, even though
their voltage noise is not as low as the
best of the bipolar devices mentioned.
On the positive side, they both have a
high output current and slew rate for
low distortion when driving the load of
the feedback network (which ap-
proaches Rg at high frequencies). Of the
two, the SSM-2131 has the lower volt-
age noise, while the AD845 has higher
output current and slew rate.

AuUDIO APPLICATIONS

For high-gain accuracy, particularly at
high stage gains, the amplifier should
have a high gain-bandwidth product;
preferably 5 MHz or more. Because of
the 100% feedback through the network
at high frequencies, the amplifier used
for Ul must be a unity-gain-stable type.
To minimize noise from sources other
than the amplifier, gain resistor Rg is
set to a relatively low value, and gener-
ates a voltage noise that is low in
relation to that of the amplifier used.

The 1kHz gain of this circuit can be
calculated from Eq. 8.7 above. For the
values shown, the gain is just under 50
times (=34dB). Higher gains are easily
accommodated by decreasing Rg, but
gains higher than 40dB may show
increasing equalization errors, depend-
ing upon the gain bandwidth of the
amplifier used. For example, Rg can be
100Q for a gain of about 100 times
(=40dB) (note that if Rg is changed for a
higher gain, C4 should also be changed
to satisfy Eq. 8.8).

With a suitable amplifier, this circuit is
capable of very low distortion over its
entire range, generally below 0.01% at
levels up to 7V rms (assuming +15V
supplies) and higher with the £17V
supplies suggested. RIAA accuracy is
quite good using the stock equalization
values, and a simulation run is shown
in Figure 8.19 for the suggested gain of
34dB. In this expanded scale plot over
the 20-20kHz range, the error relative
to the 1kHz gain is less than +0.1dB.
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RELATIVE ACCURACY OF ACTIVE
FEEDBACK RIAA PREAMP, R3 = 200Q

L i LR B R L DR 1

0.2

(1.0000K,90.745m) . (19.953K,97.184m
0.1- ' .

(19.953,-12.417m)
dB O

e il Ty RETQU IO URPORPHPNS DD DU ST

FREQUENCY (Hz)
Figure 8.19

For extended low-frequency response, implies an offset voltage on the order of
Cg and Ry are the larger values shown, a few mV, and a low bias current.

with Cg preferably a polypropylene film

type. Alternately, the smaller values for Since this is a high-gain low-input-level
Cg and R4 (when applied) form a simple circuit, the supply voltages should be
6dB per octave rumble filter, with a well regulated and free of noise, and
corner at 20Hz. Placing a rumble filter’'s  reasonable care should be taken with
high-pass action after the preamp stage the shielding and conductor routing.
has the desirable property of discrimi-

nating against the RIAA amplified 1/f An alternative AC coupled form of this
noise components, in addition to the circuit can be built with higher bias
pickup produced disturbances. Cg is the current, low-noise bipolar devices, such
only DC blocking capacitor in the as the OP-275 with Ig = 350nA(max),
circuit. Because the DC gain of the which would otherwise make direct
circuit is on the order of 54dB, the coupling to a cartridge difficult. This
amplifier used must be a low offset- form of the circuit is shown in

voltage device, with an offset voltage Figure 8.20, and can be used with any
that is insensitive to the source. This unity gain stable bipolar op amp.
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ACTIVE FEEDBACK RIAA PREAMP (AC COUPLED)

+Vg o o+18V
0.1pF _L 100uF_]i'
{70 ] 1 100p.F_|_+
pF
-V g0 T T 0 -18V
C3, 100pF/25V R5
- i i ;
499Q vV,
_I_ C1 ouT
0.03uF
R2 c2
8.2k Joowr ) e
2000 (34dB) %wom T 8nF
100Q (40dB)
—J?oooum 6V
O

y

Figure 8.20

Here input AC coupling to U1l is added
with Cs, and the cartridge termination
resistance Ry is therefore made up of
the parallel equivalent of Rg-R7. Rg of
the feedback network is AC-grounded
via Cy4, a large value electrolytic. These
measures reduce the DC offset at the
output of Ul to a few mV. Nearest 5%
value units are also used for the net-
work components, making the design
both easily reproducible and inexpen-
sive. The output coupling network Cg-
R4 is shown with values suitable for
wideband response, but if desired, can

be altered to a 7950us time constant for
use as a 20Hz rumble filter. The R3-Cy
time constant shown provides a corner
frequency of <1Hz.

The frequency response of this version
is not quite as good as that of the circuit
in Figure 8.18, but is still within +0.2dB
over 20Hz-20kHz (neglecting the effects
of the low frequency rolloff). If tighter
response is desired, the N1 values can
be used. For the OP-275, supplies can
be increased to £21V if desired, for
outputs up to 10Vrms.

8-31




SYSTEM APPLICATIONS GUIDE

Passively Equalized RIAA Phono Preamp

Another area of interest is passively
equalized preamplifier circuits used
with phono signal sources. A circuit
useful for such RIAA phono applications
is shown in Figure 8.21. This circuit

consists of two high-quality wide band-
width gain blocks, Ul and U2, as dis-
cussed in basic form in

Figure 8.16.

PASSIVELY EQUALIZED RIAA PREAMP

+Vs

+
A

+Vg o o+17V

0.4uF | 100pF_L*
1 T
{7 1 100pel+

0.1uF
£1—"—"l Vgo HT T 0-17V

SSM-2139 ;
'/l/ R4
2.37kQ
-V s

RS
100Q

v

OPTIONAL
SERVO
(JUMPER C3 IF USED)

Figure 8.21

The gain of the two blocks are set up by
R4-Rg and Rg-Rs, as defined in

Eq. 8.11. The values shown yield a
1kHz gain that is the product of the Ul-
U2 stage gains .(24.7 times 40.2), times
that of the interstage network N. With
the 1kHz RIAA gain factor of 0.101, this
yields an overall 1kHz gain of 40dB.
Other gains can be realized by changes
to Ry.

A passively equalized preamplifier such
as this one must be carefully optimized
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for signal handling, both from an over-
load standpoint and for low noise. Stage
U1 is chosen for a gain sufficiently high
that the input-referred noise will mostly
be due to this stage (and the cartridge,
when connected), but yet not so high
that it will clip high-level high-fre-
quency inputs. To aid this objective,
maximum supply voltage and a high
output capability amplifier should be
used.
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Since U1 operates at a relatively high
gain, it need not necessarily be unity
gain stable. Decompensated low noise
op amps such as the OP-37, SSM-2139,
and the FET input AD745 may provide
better signal/noise ratio in this applica-
tion. Other FET-input types, the
AD845, the SSM-2131, and OP17 or
PM357 types will yield good perfor-
mance, but with higher noise levels.
However, perhaps the best choice is the
SSM-2139 dual, which performs both
U1 & U2 functions, and has excellent
DC specifications.

Gain distribution between Ul and U2
should be LOW/HIGH from an overload
standpoint, but HIGH/LOW from a
noise standpoint. Practically, these
conflicting requirements can be eased
by choosing a low noise device for Ul,
and using the highest possible power
supply voltages. There is nearly 40dB
loss in the network N at 20 kHz, so
output overload of the circuit will be
noticed at high frequencies first. With
the gain distribution chosen, the circuit
allows a 3V rms undistorted output to
20kHz with £15V supplies, and more
with higher supply voltages.

The equalization network N following
U1 should use the lowest impedance
values practical from the standpoint of
low noise, as the noise output at pin 2 of
the network is equivalent to the input
referred noise of A2. A practical ex-
ample for this network are the “N1” RC
values of R1-Rg-Cj-Cg in Figure 8.14a.
As noted, scaling can be applied to
either network of Figure 8.14 for compo-
nent selection, as long as the same
ratios are maintained. If extremely low

AUDIO APPLICATIONS

noise performance is sought, such as is
required for a moving coil preamp, then
the N1 values can be reduced further.

Noise in amplifier U2.is less critical
than in U1 at low frequencies, but is
still not negligible. A low voltage noise
device is very valuable for Ul and U2,
as is a relatively low input current
noise.

U1 should have a low bias current.
With 100nA or less bias current, direct
coupling to a moving magnet phono
cartridge is practical. For example, the
maximum 80nA bias current of the
SSM-2139 will induce only an 80-160pV
input voltage offset at Ul for a typical
1-2kQ cartridge resistance. Similarly,
the bias current induced offset voltage
of U2, from the 10kQ DC resistance of
Rq will be low relative to the amplified
offset of U1l. As a result, the worst-case
overall output DC offset using the SSM-
2139 can be held to under 1V for a 40dB
gain, allowing the use of a single cou-
pling capacitor, Cg for DC blocking
purposes.

Frequency response of this passively
equalized preamp is better than the
active version, because there is less
interaction with the amplifier(s) com-
pared to the active topology. The fre-
quency response can approach the
inherent accuracy of the network com-
ponents in the audio range, with
greater errors at higher frequencies.
Figure 8.22 illustrates this point in a
simulation of the Figure 8.21 circuit
using OP-37 models. Midband error is
on the order of +0.02dB with the N1
network composite values.
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RELATIVE ACCURACY OF
PASSIVELY EQUALIZED RIAA PREAMP
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Figure 8.22

This circuit also can be adapted to servo A general-purpose noninverting servo
control of the output offset, by replacing described in the appendix can be used,
Cg with the optional noninverting servo along with a low-offset op amp such as
integrator around stage U2, shown as the AD820, AD711, OP-97 or AD705.

an option in Figure 8.21.

Hybrid-Equalized Differential-Input, Servo-Controlled, RIAA Phono Preamp

By using a combination of passive and control for precise offset and the elimi-
active equalization, some of the noise/ nation of coupling capacitors. Ul is the
overload constraints of totally passive AD625, an in-amp with low voltage
equalization are reduced. In addition, noise (AnV/VHz). It is used as an adjust-
this “hybrid” equalization can be com- able differential input amplifier, which
bined with a low-noise differential-input accepts a balanced signal from a mov-
instrumentation amplifier, the AD625, ing magnet cartridge. Both the DC and
for excellent noise performance and AC terminations of the cartridge are
flexibility. split and balanced, with an optional AC

trim for best HF CM rejection (C¢p9).
Figure 8.23 shows a hybrid-equalized
phono preamp circuit, which has servo
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HYBRID EQUALIZED RIAA PREAMP

300pF

Rta % Cta ——
23.7kQ

? BALANCED 9
PHONO WV
INPUT }
5|+ N\

v

23.7kQ

Rib Ctbi_L_

270pﬂ—

Cth2 |
47

40pF

Figure 8.23

The common-mode rejection of Ul

below 100 Hz is on the order of 100 dB,

a great aid to noise rejection. To mini-
mize noise pickup, a shielded twisted-
pair signal cable should be used from

the cartridge, with the shield grounded

to the common point of Ri5-Ryp as

shown.

The gain of stage U1 in this circuit is:

2R
G =1 +=E

Rg

Eq. 8.13

C2,0.1uF
R2 R3
2.61kQ _31.8kQ
+Vg
U2
AD744
R1
YW—s +
7.5kQ Vg
c1 R4
0.01uF 9310

R5

49.9Q

VOUT

where Rp1 = Rpg, and these resistors
and R are located at pins 5-2, 2-15,
and 15-12 of the AD625. Ry and Rpg
are matched 10kQ 1% metal film types.
R is also a 1% metal-film resistor that
is used to adjust overall gain as neces-

The gain of this entire circuit is the
product of the Ul and U2 stage gains,
as modified by the RIAA frequency
response. At 1kHz, the gain is:
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2RF)( R2+R3+R4) Eq. 8.14

G(1xHz) = 0.101 (1 +

With the values shown, the gain is T3 into different networks and the
about 40 dB, but it can be adjusted by interaction of T1-T2 with op amp U2 is
R@g. The Ro-Ry4 values should not be low, this preamp is capable of excellent
altered, since they set the two lower frequency response. By using standard
frequency RIAA time constants (3180 values for C1-Co, time constants T1-T3
ps and 318 ps). The 75 ps time constant are set easily with resistors; then T2 is
is set by R1-C1. set with only slightly more complexity.
The end results are excellent, as the

Because this topology separates the simulation of Figure 8.24 indicates.

definition of time constants T1-T2 and

RELATIVE ACCURACY OF HYBRID EQUALIZED RIAA PREAMP
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Figure 8.24
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Amplifier U3 is a DC servo stage, using
an AD820 in a noninverting configura-
tion with an effective 0.3 second time
constant. DC feedback for the servo is
through the feedback input of stage A2.
Note that if any op amp other than the
ADB820 is used for U3, it is prudent to
check if low leakage diodes will be
needed as servo anti-latchup clamps
across Cg (discussed in the appendix).
The output offset of the circuit will be
essentially that of U3, typically less
than 1 mV.

Single devices are shown for U2-U3,
each optimized for the function. Use of
the AD744 for U2 allows very low

Moving Coil RIAA Preamplifiers

There are two general approaches
which may be taken to satisfy the
amplification requirement of a moving
coil cartridge. These consist of two
different methods by which the addi-
tional voltage gain required by the
moving coil pickup may be achieved.

One technique is to use another low
noise, flat, wideband preamp, ahead of
an existing RIAA-equalized preamp.
Such an amplifier stage is called a “pre-
preamp” (also sometimes called a “head
amp,” for its place at the head of the
signal path). A second technique is to

AuDIO APPLICATIONS

distortion from this stage, and the
ADB820 is an effective servo amplifier.
Duals will be more cost effective in
some applications, however, and an
AD712 or OP-249 can used be for U2-
U3 (clamping diodes may be necessary
at U3).

This circuit is capable of very high
performance with excellent SNR. Very
careful circuit layout is necessary
around the input of stage Ul, the
feedback components at U2, the high-
impedance inputs of U3, and compo-
nents Rg-R7 and Cg- C4 should be close
to U3.

incorporate the very high gain required
directly into an RIAA equalized stage.

A pre-preamp circuit useful with any
standard RIAA preamp is shown in
Figure 8.25. Because of the extremely
low source resistance from which this
type of circuit must operate (=10-
1009), amplifier feedback resistances
must be kept very low. Obviously, the
input voltage noise of the amplifier used
must also be low, in general <1nV/VHz.
Two devices which have noise voltages
this low are the AD797 op amp, and the
SSM-2017 in-amp.
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SINGLE-ENDED RIAA "PRE-PREAMP" WITH 30/40dB GAIN
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Figure 8.25

The circuit of Figure 8.25 is a pre-
preamp suitable for low level input
single ended applications. It uses an
AD797 op amp in a low noise configura-
tion, with either 30 or 40dB gain,
adjustable by Ro. At the higher (40dB)
gain the output noise of this circuit will
be dominated by the source or the op
amp, dependent upon the actual DC
resistance of the cartridge in use. With
a low resistance cartridge, it will be on
the order of 2nV/VHz.

Input terminating resistor R¢ should be
adjusted to suit the cartridge. Cy is
relatively non-critical, but should be a
low inductance film type to minimize
RFI effects. Capacitor C, acts as part of
a distortion cancellation loop, in con-
junction with the AD797’s internal
stages.
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In a system, this circuit can be used two
ways. One is as a stand-alone pre-
preamp, used with another RIAA
preamp, in which case a short low
capacitance cable connects the output to
that stage, and R9 is set for the desired
overall gain. Another way to use this
circuit is as the first stage in either a
passive or hybrid RIAA equalizer cir-
cuit, for example as a U1l stage replace-
ment in either Figure 8.21 or Figure
8.23.

This entire stage replaces the entire Ul
stage in one of those circuits, and R{-Ro
are adjusted for the desired 1kHz gain.
Typically this will be of the order of 50-
60 dB, or about 20 dB higher than with
the moving magnet transducer.



M

Taking the passive equalizer of Figure
8.21 as an example: the gain of stage
U1 becomes 5-20 times higher, making
it in the range of 100-400 times. For an
overall gain of 54dB, Ry of Figure 8.25
should be 20Q for a U1 stage gain of
about 125 times, or 42dB. Combined
with the N1 network and stage U2 of
Figure 8.21, the overall gain is then
~510 times, or close to 54dB. The gain
expression generally follows Eq. 8.11,
but with the values of R1 and Rg from
Figure 8.25 used in place of R4 and Rg.
The resistor shown in Figure 8.25 as Rg
then becomes the input resistance of
the network N1, with the remainder of
the circuit similar to Figure 8.21.

AupI0 APPLICATIONS

The AD797 is a stable DC amplifier,
but with an input offset of +80pV and
cascaded DC gains above 1000, some
form of overall DC stabilization will be
needed. If it is used in the circuit of
Figure 8.21, a DC servo should be used
with the loop adjusted to null out the
input referred offset which is £150pV.
The output amplifier can be a buffered
composite amp using the AD744 and
the AD811, as described in the “Line
Drivers” discussion. Details of this
configuration are left as an“exercise for
the reader”.
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TAPE PREAMPLIFIERS

A third audio preamplifier application is gain, equalized freguency response is

a magnetic tape or film playback sys- also necessary, which can raise the low-
tem. These preamp circuits often oper- frequency gain as high as 80 dB. Few )
ate at signal levels of 1 mV or less, Op amps can prov1‘de adequgte 1.00P gain
placing stringent SNR requirements on with low input noise and high linearity

the amplifier. In addition to high 1kHz under these conditions.

Tape Playback Basics

A generalized post-emphasis response tape playback response characteristics

curve required for tape playback is which meet the requirements of the IEC

shown in Figure 8.26, similar in some standard.[1] They are expressed here

senses to the generalized RIAA re- in dB relative to response at DC, over a m
sponse of the previous section. These range of 10Hz-100kHz.

curves correspond to a subset of various

IDEAL TAPE POST-EMPHASIS
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From Figure 8.26 gain is maximum
below 50 Hz (f1), which is the lower
corner frequency beginning the equal-
ized portion of this curve, corresponding
in this case to a 3180us time constant,
T1. (Note: as was true for the RIAA
time constants of T1-T3, tape time
constants T1-T2 are described here as
they correspond to ascending frequency,
the reverse of the terminology in [1].
The time constants themselves are
identical). One major difference be-
tween RIAA and tape playback equal-
ization is that there are many standard
tape time constants, two for low fre-
quencies and 5 for high frequencies,
which can be combined differently. The
discussions which follow place the
similarities between RIAA and tape in
context, then address the many differ-
ences necessary for tape equalization.

Above 50Hz, the response rolls off at 6
dB/octave until it reaches a corner
frequency £2, determined by time con-
stant T2. This time constant will vary
according to tape speed, but will gener-
ally be in a range of 17.5-120us (Figure
8.26).

At the reference frequency of 1 kHz,
preamp gain can be in the range of 40
to 50 dB. Another frequency of interest
is {0, the low-end rolloff frequency,
somewhere below 50 Hz and not shown
explicitly by Figure 8.26. An exact
choice for this frequency is left to the
designer, in light of specific require-
ments and the applicable standards.
What has been described thus far is
what could be termed a “two time
constant” tape equalizer, where T1 is
3180us, and T2 is one of the time
constants noted. The specific case of
3180pus/50us is known as NAB equaliza-
tion, and used in a design example.
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While the tape playback EQ curves of
Figure 8.26 may appear similar to the
analogous RIAA curves, this similarity
is more superficial than fundamental.
For the cases so far described, it is true
that a tape playback amplifier can be
modeled as a low pass amplifier (like
the RIAA case, but with a single pole
and zero). The design process to follow
shows how to use these factors to ad-
vantage for a specific pair of time
constants and gain.

However, the two time constant case is
not the entire picture for tape EQ, as
the low frequency time constant T1 can
actually be extended towards DC. This
makes the present design process less
predictable. There are also other poten-
tial parasitic effects on the system,
including the loading of the tape head,
which should be addressed at some
point during the design.

A greater appreciation for how the tape
playback EQ operates is gained if it is
broken down into its basic factors.
Assuming an ideal head, the playback
signal for a constant tape flux is the
derivative of the flux. It follows that
the tape playback amplifier should have
an integrating response. The tape
standards call for a flux falling with
increasing frequency above 1325 to
9000Hz, depending upon speed. Play-
back integration is always modified to
boost gain at high frequencies. T2 is
always present in some form, which
implies that the integration is stopped
at some high frequency, corresponding
to 1/2=T2.

Some standard equalizations call for
boosting low frequency response in
recording. In this case T1 is present,
and integration is stopped at a low
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frequency, 1/2xT1. For cases without
low frequency boost, T1 = «, and the
integration continues down until im-
ited by circuit practicalities.

Many non-ideal factors related to the
tape pickup head may also require
correction. These include non-unifor-
mity of frequency response (eddy-
current losses, RC head loading), wave-
length response (gap-length loss, head
bumps), lot-lot variability, etc. Most

AUDIO APPLICATIONS

tape playback EQ circuits therefore
provide trims for one or more head
design parameters, to accommodate
these limitations and to allow best
overall calibration. This process in-
volves playback of a standard test tape
through the system, chosen for the
standard involved.[1,2] In view of the
above factors, a “universal” tape play-
back EQ circuit is impossible, and a
well designed practical circuit should
make allowances for external factors.

A “Two Time Constant” Design Example

A flexible tape preamp with a range of
possible uses is shown in Figure 8.27.
This circuit is most effective with only a
few selected op amps, preferably a low

noise, decompensated FET input type
such as the AD745, or possibly either of
the low noise bipolar input OP-37 or
SSM-2139.

TAPE PREAMPLIFIER

C1, 0.01uF, 2%, PP FILM

o+17V

+Vg © &
s 0.1puF _L 100p,F_E'

T
{7 _L 100].1,F_Ij-

R2
WV — /W
_l_ 95 30 4.99kQ 318kQ 0-1uF T T
c3 RY; Vgo 0-17V
1000uFT ‘ s -
16V T 5:\;,
. U1 < O
\V4 ' 49.9Q
+ 10pF
v FILM
TAPE s Ra Vout
HEAD R 49.9K0 (R > 10kQ)
U1 = AD745, OP-37
OR SSM-2139
(SEE TEXT)
Figure 8.27
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This preamp design has a high fre-
quency gain greater than unity, due to
the presence of T2 and can therefore
take advantage in the extended band-
width and low SNR in a decompensated
amplifier. Possible alternates and
further selection criteria are discussed
below. This circuit may be used as it
stands, or with other component values
for specific time constants and/or gains.

The gain and equalization characteris-
tics of this circuit are set by the feed-
back network, which consists of R1-Rg
and Cq. The interactions of these com-
ponents are best appreciated when
analyzed as a network, as was done for
RIAA preamps. In this case, two time
constants are involved, T1 and T2, but
the general design approach is similar
to that for an RIAA active feedback
preamp.

In the circuit of Figure 8.27, time
constants T1 and T2 are set as:

T1=R1Cq Eq. 8.15
and,

R1C1(Rg +Rg)

- Eq. 8.16
2= Ri+Rg+Rg

For many tape playback circuits, T1 is
fixed at 3180ps, so R1-Cq can be set to
convenient values, here 0.01pF and

318kQ. Time constant T2 will be unique
to a given playback speed, so Eq. 8.16
above is solved for this case. The T2 of
50ps used yields Ro = 4.99kQ.

The ratio of (R1 + Rg + Rg) to Rg deter-
mines the gain at DC (similar to the
RIAA case), so the nominal 1kHz gain
and T2 are somewhat interactive. In
practice however, small variations in Rg
have minimal effect on the frequency
response.

For equalization using the 3180us time
constant, the 1kHz gain can be related
to an (ideal) DC gain, since the stage is
a low pass amplifier with a pre-defined
response. For a T2 of 50ps the DC/1kHz
difference is 25.61 dB. For other T2 and
a given 1kHz gain, the DC gain can be
calculated, so that given the desired
gain at 1kHz, it is then possible to
select the R1-Rg ratios.

It is generally convenient in this design
process to relate the DC/1kHz relative
gains in terms of the equivalent 1kHz
scaling coefficient, “K”, where K is
unique to a given T2, or “K(79)”. In the
3180us/50us case, the 1kHz 25.61 dB
loss relative to DC corresponds to a
K(T9) of 0.0524. When this coefficient is
multiplied by the DC gain, it gives the
1kHz numeric gain for the value of T2
in use, which is:

R1+Rg
GaxHz) = K(T2) 1+ _——R3 Eq. 8.17
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Or for the example of T1/T2 = 3180us/50ps, the 1kHz gain is:

R; 4+ R
G (1kHz) = 00524 (1 + —1—;—%—2—

) Eq. 8.18

Since the time constants should be the first variables to be resolved in the design
process, Rg remains for the overall network gain adjustment, after R1-Rg are
selected. Given a gain at 1kHz of G(1xHz) and the scaling coefficient K(g) for the

T2 in use, Rg can be calculated from:

Ra = Rl + R2
° " Guumg)

1
K(r2)

In this 3180us/50us example the 1kHz
gain is 45dB, so G(1xHz) is 177.83, and
K(50) is 0.0524, thus Rg works out as
95.3Q (nearest standard value).

Figure 8.28 illustrates the relative
accuracy of this NAB tape equalizer
using the chosen component values and
an AD745 op amp model in a SPICE
simulation. The 45 dB gain is accurate

Eq. 8.19

within 0.1dB at 1kHz, and the fre-
quency response errors of the circuit
relative to the ideal 3180us/50us time
constants are within +0.1dB over 20Hz-
20kHz (not shown). Similar results
should be expected using other T2
options. Figure 8.29 lists time constants
from 30-120ps, and their corresponding
scaling coefficients.

NAB 50us POST-EMPHASIS CIRCUIT, R1 = VARIOUS VALUES
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1kHZ SCALING COEFFICIENTS FOR TAPE
EQUALIZERS FOR T2 = 17.5, 35, 50, 70, 90, AND 120us

T2, us K (T2)
17.5 0.0503
35 0.0512
50 0.0524
70 0.0546
20 0.0574
120 0.0626

Figure 8.29

T1 > 3180ps

While the situation just described
covers the 3180us/50us and other T2
cases, some questions remain as to how
to address the situation where T1 is
allowed to approach «. This corresponds
to an integrator unbounded at low
frequencies, which is of course a practi-
cal impossibility. Nevertheless, this
case of “T'1 > 3180us” EQ can also be
approached in practical terms, and is
also illustrated in Figure 8.28.

For the circuit of Figure 8.27 and a
given gain (Rg), the slope of integration
is largely dominated by the value of
capacitor Cq. As long as this capacitor
is constant, the gain curve will be
essentially constant above 100Hz.
Therefore, raising the T1 time constant
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by raising R1 has the effect of moving
the low frequency pole downwards from
50Hz. In Figure 8.28, this is illustrated
by the two higher gain low frequency
curves, showing cases of Rq = 499kQ
and 1MQ. These curves correspond to
new T1’s of 4990 and 10000us, respec-
tively, and for R{ = 1IMQ, gain is ap-
proaching 80dB at 10Hz. The corre-
sponding turnover frequencies would be
32 and 16Hz. :

While this is simple to implement
conceptually, for it to be useful the op
amp employed must leave adequate
open loop gain. Also, other low fre-
quency rolloffs within the circuit may
possibly affect gain accuracy at the
extreme low frequencies, and should be
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checked. Practically speaking, when a
T1 — « EQ case is used, a trim for the
R value should be provided, and the
circuit time constants for R3-C3 and
Co-R4 should be appreciably greater

Optimizing the Remaining Circuit

Other circuit details around U1 are also
important in realizing the full potential
of this configuration. For lowest noise,
the value of resistor Rg should be low in
comparison to the source resistance.
Capacitor Cg and Rg set the low fre-
quency rolloff frequency, which is <2Hz
for the values shown in Figure 8.27.
Output coupling capacitor Cg also sets
an LF cutoff at 0.16Hz with a 10kQ
load. Note that this is the lowest recom-
mended load for the circuit for best EQ
accuracy and overall performance,
unless Ul is provided with additional
buffering for greater drive.

If Rg is made variable, it can provide
gain trim for the circuit, varying the
1kHz gain by +5 and -4dB, about 45 dB,
using a 50Q resistor and 100Q pot. Note
that wide range gain adjustment is not
generally recommended, due to potential
interactions with frequency response.
For greater gain changes, a better
solution is a design re-scaled around the
higher (or lower) 1kHz gain, which may
then be trimmed if necessary. Gain can
also be trimmed in a post EQ gain stage
which may also serve as a buffer ampli-
fier.

If adjustment of T2 is wanted, resistor
Ro can be made variable, to accommo-
date the various playback curves.
However, when a decompensated ampli-
fier is used, the minimum allowable
value of Rg is 4 X Rg for stability rea-
sons.

AuDI0 APPLICATIONS

than the effective T1 value. The op amp
used should have an open loop gain of
one million or more, which is the case
for the AD745.

Using an op amp with input offset of
less than 1mV (which is the case with
all those mentioned), the maximum
output DC offset from U1 will be on the
order of a few mV when Cg is used,
since the amplifier operates with unity
DC gain. This provides maximum
headroom, and for +£15V supplies output
signals of 5Vrms or more are possible,
since the film capacitor Cg decouples
the offset at Vou. Note that if a more
loosely controlled offset or high DC bias
current device is used for Ul (such as a
5534), the simple biasing may not work
as well. An-alternate form of DC control
is a servo loop for lowest output offset,
using the general concepts described
both in the microphone and RIAA
preamp sections and the appendix. This
tape EQ stage is topologically similar to
the output stage of Figure 8.23, and
could use a servo in a similar fashion.

It is not recommended that other op
amps be substituted for the AD745 in
this circuit, unless they are selected for
low noise and distortion, for high gain,
and for DC biasing compatabilities.
Some alternatives which might be
considered are the OP-37 or SSM-2139,
which are bipolar. The most critical
performance spec for Ul is low input
noise, which in this application means
both low voltage noise and low current
noise. For high impedance heads, the
current noise may well be more impor-
tant than voltage noise, since the source
impedance is inductive. To place this in
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some perspective, a 1H head with a
1kHz Z of 10kQ can have a effective
1kHz noise density component of
10nV/NHz due to the effect of amplifier
noise current, when used with an 1pA/
VHz amplifier. Of course, since noise
sources add in root sum of squares
fashion, in any given case there may be
several noise sources which affect the
equivalent input noise at the amplifier
input. Reactive sources such as tape
heads can require a low current noise
amplifier, just as much as they also
need one with low voltage noise. The
AD745 excels in current noise, with a
1kHz noise density of 6.9fA/Hz. In
contrast, low noise bipolar input ampli-
fiers such as the OP-37 and SSM-2139
have noise current densities of 0.4-
0.6pA/NHz (while their voltage noises
are on a par with the AD745, =3.5nV/
VHz). For low-Z heads, an ultra-low
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voltage noise device like the AD797
may be useful.

For highest circuit performance, use 1%
metal-film resistors and 1-2% polypro-
pylene film capacitors in the gain and
equalization components, for the rea-
sons noted in the RIAA discussions.
Power supplies should be well regu-
lated, and in the range of +15V to £18V.

While the above method of equalization
can yield excellent results insofar as the
amplifier frequency response is con-
cerned, the tape head must also be
properly terminated in the prescribed
network for flattest playback response
with a standard test tape. R¢ and Cy are
intended to serve part of this purpose,
and final adjustments for frequency
response may include trim of the EQ
components.
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Avupio LINE LEVEL STAGES

Audio line level stages represent an
intermediate level in dynamic range for
practical audio circuits using modern IC
devices. Line level amplifying stages
generally work with single-ended or
balanced input/output signal levels of 1-
10V, and at medium levels of power.
This section discusses some basic types
of audio line stages which are:

B Line receivers - including line receiver
stages which accept single-ended or
balanced line level signals with maxi-
mum noise immunity, and provide
scaled outputs for further processing.

B Line amplifiers - including amplifiers
which scale a received signal in single-
ended form and feature low distortion
designs.

ine drivers - including single-ended
and balanced drivers which are capable
of driving appreciable cutput levels in
terms of voltage swing, current levels,
and/or difficult loads, such as capacitive
lines.

Some general concepts of line driving
and buffer amplifier design have been
covered previously, with emphasis on
video applications.[1-3] The material in
this section continues the discussion
and expands on those themes with
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audio line-receivers and line-drivers as
examples.

Audio transmission systems, unlike
their video counterparts, do not gener-
ally use terminated transmission lines,
so long transmission lines usually
appear capacitive. Therefore, capacitive
load isolation is important in audio
drivers. In general, when building audio
circuits of any type, “housekeeping”
rules of layout and bypassing are
strongly recommended, particularly for
the buffer and line driver circuits.

The function of sending/receiving audio
signals between various parts of a
system has traditionally involved
tradeoffs of one form or another. Fully
differential or balanced transmission
systems are best at rejecting low fre-
quency and RF noise, so they are used
for high performance, and are discussed
in some detail following.

A typical audio system block diagram
using differential transmission is shown
in Figure 8.30. A balanced transmission
system like this might use several
input/output coupling schemes. Some
major points distinguishing coupling
methods are discussed briefly before
considering actual circuits.
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BALANCED AUDIO TRANSMISSION SYSTEM

DIFFERENTIAL
LINE DRIVER
G=2

+Viy

DIFFERENTIAL
LINE RECEIVER
G=05

Vnoise
BETWEEN

GROUNDS A &B

\ o>
1 f t

DIFFERENTIAL =2V,

V- &

;%7

Figure 8.30

Transforrners[4‘7] have been a tradi-
tional audio line coupling element, at
both input or output. They have well
known problems with noise pickup,
frequency response, distortion, and
operating level. While these problems
are all soluble to some extent, the
solutions are usually costly. Neverthe-
less, transformers are unexcelled in
some applications.

The outstanding virtue of transformers
is the ability to isolate, which shows in
two regards. They can galvanically
isolate drive/receive stages (up to the
breakdown potential of the windings),
allowing signals to be transmitted
across high ground potential differences
(tens or hundreds of volts). This feature

is one quite difficult to achieve with
solid state circuitry. Also, suitably
designed transformers can have very
high common mode rejection (CMR) in
the audio range, in excess of 100dB.
Some transformer-isolated driver stages
are described in this section.

The general system of Figure 8.30 can
in principle use either transformer or
active coupling to the line. The goal for
either approach is to reproduce a final
signal VouT equal to VN, while
rejecting noise between grounds A and
B by 80- 100dB. A typical unity gain
design uses a line drive of #VyN and a
receiver gain “G” of %, to maximize
receiver CM range.
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Avupio LINE RECEIVERS
Walt Jung, Adolfo Garcia

A brief review of the topologies and
applications of audio line receivers
helps us to understand their evolution.
Figure 8.31 is a diagram of a classic 4
resistor differential amplifier. This
circuit is also known as a simple form of

instrumentation amplifier (in-amp),
which has evolved into today’s modern
IC instrumentation amplifiers.[8-12]
Within audio applications, this and
related circuits are usually known as
“line receivers” .

SIMPLE LINE RECEIVER
BASED ON DIFFERENTIAL AMPLIFIER

A R1 R2
25kQ Cc2 25kQ
""'l I"""'l OPTIONAL
[ BUFFER
Vin (R NI
—_ 1 I ~
U1 & | —~ 0 O Vout
| > e ¢ R, R
25kQ 1 3
FOR —= =
(+) O=AA—@ My R, R,
C1 g Your _Ro
v Vin Ry
Figure 8.31

The Simple Line Receiver

This simple line receiver circuit uses
four resistors and an op amp for gain.
Such bridge-based difference amplifiers
are critically dependent upon the resis-
tor ratio matching for good perfor-
mance, an enormously important point.
The amplifier can also be critical, but
many practical limitations of these
topologies arise from bridge un-balance
which may be at AC or DC or both.
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The circuit appears somewhat trivial,
as the minimum ingredients are four
matched film resistors and a good audio
op amp. While this works functionally,
how well it works in rejecting line noise
1s uncertain.

The main purpose of all line receivers
is to reject common-mode noise, picked
up on a twisted pair transmission line.
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Even with a high quality op amp for
U1, noise rejection is only as good as
the resistor matching. More precisely,
the ratios of resistors R1/Rg and Rg/Ry
must match extremely well to reject
common mode noise (the absolute
values are relatively unimportant).

Picking four 1% resistors from a single
batch may yield ratio matching of

CMR(dB)=20log (

Avupio APPLICATIONS

0.1%, which will achieve a common
mode rejection (CMR) of 66dB. If one
resistor differs from the rest by 1%, the
CMRR will drop to only 46dB. In gen-
eral, the worst case CMR of a circuit of

this type is[8]

1+ RoRy ) Eq. 8.20
4K,

where “K,” is the individual resistor tolerance in fractional form, where 4 discrete
resistors are used. A single component network with a net matching tolerance of Ky
would probably be used for this circuit, in which case the expression would then be:

CMR(dB) = 201log (

Either case assumes a significantly
higher amplifier CMR (=100dB).

Eq. 8.20 shows that the worst case
CMR due to tolerance build-up for 4
unselected 1% resistors to be no better
than 34dB. Clearly for high noise
rejection, circuits such as these need
four single-substrate resistors, with
very high absolute and T'C matching.
Such networks using thick- and thin-
film technology are available from
companies such as Caddock and Vishay-
Ohmtek, in ratio matches of 0.01% or
better.

1+ Ro/Rq ) Eq. 8.21

Some simulations may bring this point
of critical matching home more clearly.
Figure 8.32 shows the effect of various
DC mismatches on a differential ampli-
fier like that of Figure 8.31, with a
single resistor mismatch in Ry of 0.1%
(top trace), 0.01% (middle trace) and
perfect matching (bottom). This display
of CM error vs. frequency also shows a
reactive imbalance for the perfect DC-
balanced (bottom) case, due to an
intentional capacitive mismatch.
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BASIC LINE RECEIVER COMMON MODE
REJECTION VERSUS FREQUENCY FOR
VARIOUS DC TRIMS (SIMULATION)

50 +

OUTPUT

-66dB  R1 = 25.0250kQ
(dB)

-86dB  R1 =25.0025kQ

-100 —+ =100

-150 } :
10 10

150
% FREQUENCY (Hz) 'K 10K 100K

Figure 8.32

BASIC LINE RECEIVER COMMON MODE REJECTION
VERSUS FREQUENCY FOR VARIOUS AC TRIMS

(SIMULATION)
0+ + 0
OUTPUT
(dB)
,L,/sv?
< 3
50 | 2= L -50
-66dB C2 =10pF
-100 ; } ; : -100
10 100 1K 10K 100K
FREQUENCY (Hz)
Figure 8.33
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Figure 8.33 shows the effect of AC
matching on this differential amplifier
using 0.1% DC matched resistances,
with Cg varied away from a nominal
match to C7 (10pF). A 10% mismatch
here results in a CM degradation as low
as 10kHz.

Clearly, for wideband audio use, the
bridge ratio needs to be maintained at
AC as well as DC, to achieve flat CMR
versus frequency. Capacitances from
the Ro/R1 and R4/Rg nodes need to be
balanced. In practice, this is best
achieved with very low and/or balanced
parasitic capacitances at C1-Co.

It is worthy of note that this circuit also
has a highly desirable property; that is,

AUDIO APPLICATIONS

it attenuates the input CM voltage.
Thus it inherently has some protection
against overvoltage. In general, practi-
cal line receivers require input CM
division, for safe use in harsh environ-
ments and to allow CM voltages to
exceed the supply rails. For simplicity,
the receiver gain resistors should also
perform this function, as here.

The working CM input range of the
circuit in Figure 8.31 is
(1+(R3/R4))XVCM(UI)> and the differ-
ential input resistance is R1+Rg.

Gain of the circuit may not easily be
changed, because of the matched resis-
tor ratios.

Implementing the Simple Line Receiver Function

To present a reasonably high imped-
ance to the line, receivers of this type
typically use input resistances of 20kQ
or more. Given a well matched resistor
network and low or balanced parasitic
capacitances, suitable amplifiers for Ul
are the AD711, AD744 and SSM-2131
(singles), and the AD712, AD746,

OP- 249, OP-275 and SSM-2139
(duals). With 10kQ-25kQ) resistances,
extremely low voltage noise in the
amplifier is not highly critical, but high
slew rate and output drive allows clean
high frequency, high amplitude levels,
and 600Q load capability. If low imped-
ance loads need to be driven, output
current of a standard op amp can be
boosted with an “in-loop” unity gain
buffer, connected between Ul and the
load/feedback point. Devices such as the
BUF-04 unity gain buffer or a follower-
connected AD811 can serve for this
function.

From the criteria of DC and AC trim/
balance, the circuit in Figure 8.31 is
most effective when the resistors and

amplifier are made in a single mono-
lithic IC. The Analog Devices 8 pin
SSM-2141 and SSM-2143 are such ICs,
designed and characterized as low
distortion, high CMR audio line receiv-
ers with net gains of unity (SSM-2141),
and 0.5 (SSM-2143). The SSM-2141 has
resistors just as shown in Figure 8.31,
while the SSM-2143 uses 12kQV/6kQ
resistors. '

Even with these devices the resistor
pinouts are such that buffers can be
easily added if needed. In both the
SSM-2141 and SSM-2143 for example,
the amplifier output appears at pin 6,
the feedback resistor is at pin 5, and the
reference resistor is at pin 1. With
VIN() and VIN() at pins 3 & 2, respec-
tively, a unity- gain buffer can be
connected as shown symbolically in
Figure 8.31, and the buffered output
taken from pin 5.

In applying circuits of the Figure 8.31

type (or other topologies which resis-
tively load the source), a designer must
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bear in mind that all external resis-
tances added to the circuit can compro-
mise CMR. To place this in perspective,
a 2.5Q or 0.01% mismatch can easily
occur with wiring, and if not balanced

out, this mismatch will degrade the
CMR of otherwise perfectly matched
25kQ resistors to 86dB. These circuits
are therefore best fed from balanced low
impedance sources.

Other Issues with the Simple Line Receiver

An application point which becomes
relevant for large systems with multiple
balanced pair lines is the issue of re-
ceiver load balance. Ideally, an audio
line receiver should exhibit equal AC
loading at the two inputs. With the
simple line receiver of Figure 8.31, this
goal is not met- i.e., the circuit does not
present balanced loading to the input
lines.

When driven with a balanced voltage
2VIN, as from complementary sources,
the simple line receiver exhibits unbal-
anced input currents in the R and Rg
legs, due to feedback action. For the
values of Figure 8.31, the current in Rq
is 3 times that in Rg.

In large systems with multiple balanced
transmission line pairs, the current

Balanced Line Receivers

It is important in the highest perfor-
mance systems that audio line receivers
exhibit equal loading to the source at
both inputs- i.e., they should be truly
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imbalance in the input lines is poten-
tially serious, as associated fields will
not cancel as they do for balanced
loading. There is thus potential for
crosstalk in systems using simple line
receivers.

But, while not optimum from a large
system and/or line balance viewpoint,
the simple line receiver is nevertheless
quite useful in more modest situations.
With resistors R1-Rg relatively high
(20k or more), it is adequate for small-
scale or confined systems where I/0
lines are relatively short, few in num-
ber, or they are not cabled. In such
uses, devices like the SSM-2141 and
SSM-2143 serve well as efficient single
IC receivers.

balanced. At least two topologies be-
have in this way and are well suited for
professional use in balanced systems.
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Balanced Feedback Differential Line Receiver

Birtl7] of the BBC has analyzed the
simple line receiver topology and pre-
sented a modified and balanced form,
shown in Figure 8.34. Here Ul uses an
4 resistor network identical to that of
Figure 8.31, while feedback from unity

gain inverter U2 drives the previously
grounded Ry reference terminal. This
has two overall effects; the input cur-
rents in the two input legs become
equal, and the gain of the stage is
halved.

BALANCED LINE RECEIVER USING PUSH-PULL FEEDBACK

25kQ2

R2 r

M

Vour

25kQ ~Vour
(# o M R
Ry _ Rq Vour _ R
FOR -2 = —% &Ry =R, G= 2t =2 R5|R6
1 3 iN 1 5kQ
Figure 8.34

Compared to Figure 8.31, and for like
resistor ratios, the Figure 8.34 gain
from VN to VQUT is %, or a gain of -
6dB (0.5) as shown. However it also
offers an optional complementary
output from U2, -Voyr. Like the
circuit in Figure 8.31, the gain of this
circuit is not easily changed.

Because of the two feedback paths, this
circuit holds the inputs of U1 at a null
for differential input signals. However

CM signals are seen by U1, and the CM
range of the circuit is
(I+R3RIXVeMUL)- Differential
input resistance is R{+Rg.

The circuit can be broken into a simple
line receiver and an inverter. Thus line
receivers like the one in Figure 8.31 can
be converted to balanced form by add-
ing an appropriate inverter, U2. The
performance of an example of this
circuit is discussed below.
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Alternate Balanced Line Receivers

Other types of instrumentation amplifi-
ers can achieve fully balanced input
loading, but may be undesirable for

. other reasons. For example, there are
standard in-amp circuits which use
either 2 or 3 amplifiers and have high
input impedance, due to the use of non-
inverting inputs.[8-11] The drawback
of these circuits as line receivers lies in
their limited gain and CM range, and

“All Inverting” Line Receiver

Figure 8.35 is an elegantly attractive
topology which seems well suited to
audio line receiver use. Using only
inverting amplifiers, this circuit can be
configured for very high CM voltage
range and input resistance. With the
resistor ratios matched as shown, the

they also require four additional resis-
tors for overload protection. Since these
resistors also influence gain and CMR,
they must be precision ratio matched
types. As a net result, workable audio
line receivers using such in-amps are
not really practical as they require 8 or
more matched resistors and 2 or 3 op
amps. '

CMR of this circuit can be better than
that of the other circuits for a given

resistor match, since neither amplifier
sees CM voltage. The CM range of this

circuit is (R1/Ro)XVoUuTMAX)U1- The
differential input resistance is R1+Rg.

"ALL-INVERTING" LINE RECEIVER

R6 649

R7 1k

M
R2 R4 -I-C1 m

R3
0P-275

5pF 10ku

o Vour

20k R. R

(SEE TEXT) =g

2 4

[ &
v ) G- Your _Rg
iN - VIN = R1
(SRS
Figure 8.35
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The circuit has the unusual and desir-
able property of single resistor gain
adjustment via Ry, but without affect-
ing CMR interaction. The gain extends
from well below to well above unity. As
shown it is driven with a balanced
signal, but it can also be driven single-
ended at either the (+) or (-) terminal,
with no gain interaction from the
opposite input port. A number of inputs
can be summed, by adding additional
ratio matched input resistor pairs (not
shown). In this example the gain is set
at 0.5, to be consistent with the general
line receiver system requirements.

This circuit is also well known in its
basic form.[8-11] However, in this
example phase lead compensation is
used to enhance high frequency CMR. A
small capacitor shunting R4 with a
value chosen to compensate for the
gain-bandwidth of Ul compensates for
the lag through Ul, and maximizes
phase matching of the + CM signals at
U2. However, for op amps with gain
bandwidths above a few MHz and
practical resistor values, the capacitors
required may be too small to be practi-
cal.

Performance

The balanced line receiver configura-
tions of Figure 8.34 and Figure 8.35
were tested for CM performance, with
common conditions of G=0.5, Vs=t18V,
and a 10Vrms input sweep, 20Hz-
50kHz, filter bandwidth of 80kHz. The
Figure 8.34 circuit was built with Ul as
an SSM-2141, and U2 as an OP-275
inverter, with Cp=68pF. The Figure
8.35 topology was implemented with an
OP-275 and a resistor network matched
to 0.005%, with the phase lead network
trimmed to the values shown (for best
high frequency CMR). The results are
shown in Figure 8.36.

Both circuits show excellent results,
with <1kHz CM errors of -100dB or less

AUDIO APPLICATIONS

The Rg-R7-C1 tee network reduces the
effective value of Cq, by dividing the
applied voltage. A nominal division
ratio for compensation capacitance (Cg)
can be approximated by:

K. = ! Eq. 8.22
2nBWunR4Cy

where “K.” is the division ratio of Rg-
R7. For this example, with BW(U1)
about 5SMHz (the closed loop bandwidth
of U1), K, is about 0.6, making C,
effectively about 3pF. Circuit parasitics,
loading effects and part variations
make this inexact; however, once nomi-
nal compensation for a given layout and
devices is achieved, a 30dB CMR im-
provement in 10kHz CMR is possible
relative to no phase compensation at
all. While the phase compensation
network is not absolutely necessary to
the circuit’s basic function, it does make
a significant CMR performance differ-
ence for audio applications.

and little sensitivity to source imped-
ances of 50Q2-600Q (not shown). The
circuit in Figure 8.35 offers better
results at higher frequencies, perhaps
due to the trimming technique used
which is not applicable to the Figure
8.34 circuit. In the worst case, the CM
errors are no worse than -80dB at
10kHz, very good for an untrimmed
circuit. While CM performance data
was measured for the Figure 8.35
circuit with several of the other dual
devices mentioned with good- to-excel-
lent results, the OP-275 was chosen to
be illustrated here because of its gener-
ally higher output drive and all-around
utility.
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BALANCED LINE RECEIVER COMMON MODE ERROR
VERSUS FREQUENCY FOR G = 0.5, Vg = #18V, Rg = 6000

-65

-70 /
=75
s / / |

Jas] 4

© / /
* _ss FIGURE 8.34 CIRCUIT /

S SSM-2141 & OP-275 INVERTER / //
) A

= / /

© A

-85 / ) /

-100 »
] |
-105 == _ FIGURE 8.35 CIRCUIT
OpP-275s
-110 111
20 100 1k 10k 50k

FREQUENCY - Hz

Figure 8.36

BALANCED LINE RECEIVER
THD + N (%) VERSUS FREQUENCY (Hz)
FOR G = 0.5, Vin =1, 2, 5, 10V rms, Vs = 18V

0.010

= Ap/
v —
1oV’
0.001 e e a 2V msppm bt T
5V =]
5V——
=Pttt == T L
T 10V
0001
20 100 1k 10k 20k
Figure 8.37
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THD+N data was taken for both cir-
cuits and, while dominated by the noise
floor at many levels, there are some
differences worth noting between the
two. Figure 8.37 shows THD+N perfor-
mance of the Figure 8.34 SSM-2141/
OP-275 circuit for loading conditions of
100k, and successive input sweeps of 1,
2, 5 and 10Vrms. The lower level
sweeps are noise dominated, while the 5
and 10V sweeps show some increase in
distortion at high frequencies. Distor-

AupIio APPLICATIONS

tion in this circuit also rises with load-
ing of 60002 (not shown).

The performance of the circuit in Figure
8.35 for similar drive conditions is
shown in Figure 8.38, and for conditions
of 600Q loading. These data indicate
less loading and frequency dependence,
due primarily to the OP-275’s higher
slewrate and greater output drive into
6002 loads.

"ALL-INVERTING" LINE RECEIVER
THD + N (%) VERSUS FREQUENCY (Hz)
FORG=0.5,Vin=1, 2,5, 10V rms, Vg = 18V

0.010

Ap
1V
T !
2V
T T~ —T o el it el L ol SN 5L
0.001 A
— = 10V 1
AR I e R P Y Sl
.0001
20 100 1k 10k 20k
Figure 8.38
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Avupio LINE DRIVERS AND BUFFERS

Audio line drivers and buffer amplifiers
can take a wide variety of forms, which
include single-ended and differential
output drivers, as well as transformer
isolated drivers. Within these general
formats there are many different perfor-
mance options, many of which are
covered in this section.

Many op amps useful as video drivers
and buffers also do well as audio driv-

High Current Buffer Basics

As a preliminary to detailed application
discussions, some basic circuit prin-
ciples germane to high current buffers
and drivers should first be considered.
With output currents up to 100mA or
more, “housekeeping” details of bypass-
ing, grounding and wiring become even

AupIio APPLICATIONS

ers, because of the high current output
stages necessary for good linearity over
video bandwidths.[1,2] Some examples
of video amplifiers which are useful for
audio are the AD810, AD811, AD817,
ADS818, AD829, AD840 series, AD845,
ADB846, and AD847. Other types no-
table for either high or unusually linear
output drives or other performance
features useful in audio applications are
the AD797, OP-275, and SSM-2131.

more important than usual, and must
be considered. These are briefly dis-
cussed here in the context of high
current buffers, using the unity gain
buffer circuit of Figure 8.39 as a point of
departure.

UNITY GAIN STAND-ALONE BUFFERS

Rp = 1kQ (AD811 ONLY)
r——\/W‘————I

U1 = BUF-03: FET INPUT
OR BUF-04: BIPOLAR INPUT
(SEE TEXT)

0 VO uT

SEE TEXT

+15V

+6V TO

Figure 8.39
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First, whichever IC is used for U1, close
attention should be given to making
buffer stages free from parasitic capaci-
tances and inductances, at input, out-
put, and supplies. Physical construction
of buffer-drivers and other high current
stages should be in accordance with
high speed rules. A continuous copper
ground plane is preferred, and circuit
layout should be compact, with low
capacitance around high-Z nodes.
Signal and ground runs should be laid
out with signal coupling and load
current flow in mind.[3-6]

In addition, the power supplies should
be well bypassed close to the high
current supply pins. In Figure 8.39 this
is indicated by the Kelvin connections of
C1-C4 to the +Vs pins of Ul. This
should be standard practice for all high
current stages, and must be used for all
the driver applications in this section.

As a minimum, local low inductance/low
ESR RF bypass caps should used within
0.25" of the device supply pins, shown
as C1 and Cg. These are preferably
0.1uF stacked polyester film low in-
ductance type capacitors. For high
peak current loads, the high frequency
bypasses are paralleled by local, short
lead/large value, low ESR electrolytics
such as C9 and Cy, in a range of 470uF/
25V and up. Note that capacitor ESR
reduces in inverse proportion to electri-
cal size and voltage rating, so larger
size and/or voltage units help. These
capacitors carry transient output cur-
rents, and should be aluminum electro-
lytic types rated for high frequency use,
that is switching supply ones. Such
capacitors tend to have low @, and are
thus less likely to cause power line
resonances than are tantalum capaci-
tors.

DC power management and dissipation
are important with buffer ICs. For
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example, the BUF-03 and the AD811
ICs can dissipate fairly large power
levels even with light loading at sup-
plies above £12V, because the quiescent
current of these devices is 15-18mA,
relatively independent of operating
voltage.

As a conservative rule of reliability, any
IC with a power dissipation above
300mW should not be used without a
heat sink. For buffer or driver circuits
using more than 300mW, use the lowest
thermal resistance package possible,
and the appropriate heatsink
(Thermalloy 2227 for the BUF-03 or
other TO-99 ICs, or Aavid #5801 for the
BUF-04, AD811 or other high dissipa-
tion 8 pin ICs).

Output resistor Ry in this circuit should
be 10 ohms or more, to isolate the
buffer from capacitive loading (more on
this, below). For an extra safety margin
against possible de- stabilization due to
capacitive loads, make this resistor as
high as practical. Input resistor R is a
“pullet-proof” parasitic suppression
device, and may be required for stabil-
ity with some amplifiers but it is not
absolutely essential for those we have
discussed.

Because of this stage’s very high band-
width, low phase shift, and low output
impedance, fast buffers such as this can
be used both “stand alone” just as
shown, and as a more conventional “in
loop” buffer as well, to minimize loading
of a weaker, slower amplifier. For any
modest output amplifier this is an
obvious improvement, as raises the
linear output to more than +100mA
(with the AD811 or the BUF-04), while
maximizing linearity, preserving gain,
and lowering distortion.

Operating in a pure stand-alone mode,
THD+N tests on several buffers are
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shown in Figure 8.40, for conditions of
10Vrms into a 6002 load. The BUF-03,
a design with no closed loop feedback
path, shows a distortion for these
conditions of about 0.15%. The BUF-04,
a closed loop transimpedance design
buffer, shows a very low distortion of
about 0.004%. The AD811
transimpedance amplifier, externally
configured as a unity gain follower with

AUDIO APPLICATIONS

Rf = 1k, shows an intermediate level of
distortion, just under 0.01%. As a choice
among these types, both the BUF-04
and AD811 are capable of more than
+100mA of output, and have input
currents on the order of 1-2uA. The
BUF-03 has a lower maximum output
current (70mA), but the advantage of
an input current on the order of 200pA.

VARIOUS UNITY-GAIN BUFFERS,
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout = Vin = 10V rms, RL = 6000, Vs = £18V)

i

Ap

0.1

AD811 (Rp = 1kQ) ) .

0.010 =
"
T TTT
BUF-04
- 0.001
20 100 1k 10k 20k
Figure 8.40

Capacitive Loading

Audio output/input stages are typically
operated as voltage source drivers
feeding high impedance loads. When
connected with long transmission lines
between stages, the result is that the
driver sees an unterminated line, which
can appear highly capacitive.

Audio driver stability with capacitive
loading is not always easy to achieve.

Fortunately, some standard techniques
exist for stabilizing op amp drivers with
capacitive loads, and these can be
implemented in a reasonably direct
fashion.

A good rule for any type of audio driver
is that capacitive loading should be
expected in any application, however
benign it may seem. Signal trace ca-
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pacitance can build up quickly, even on
the same PC board, and particularly
for long signal runs. “Off board” circuits
at the end of short cable runs should be
evaluated for capacitive loading much
more carefully, with the capacitive
loading characterized as well as pos-

Overcompensation

Overcompensation of an op amp to
achieve stability inadvisable with audio
circuits, as it compromises both slew
rate and bandwidth. Furthermore, few
audio op amps provide the compensa-
tion pins to allow such overcompensa-

Passive Capacitive Load Compensation

A passive form of capacitive load com-
pensation is the most simple and practi-
cal for general purpose audio circuits.
Shown in Figure 8.41, this circuit
stabilizes an amplifier output against
capacitive load by isolating it with a
series resistor, Rg. The amplifier feed-
back loop is passively buffered from
capacitive load effects by Ry, and
amplifier stability is maintained. The
series resistor Ry does cause a voltage
drop proportional to load current, so for
low impedance loads it must necessarily
be low. Typical Ry values will lie in the
range of 10-50Q, which produce small
but (usually) manageable power losses
for loads of 50002 or more.

Obviously, the choice of U1l buffer
amplifier must be consistent with the
load requirements, and generally the
ability to drive high currents is an
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sible. “Outside world” drivers where
load capacitance is either poorly defined
or undefined must be considered a
worst case, and bullet-proofed accord-
ingly with appropriate design tech-
niques.

tion ( some exceptions to this are the
5534, the AD829, and the AD744). In
some situations overcompensation may
be useful, but generally other tech-
niques for dealing with capacitive loads
are more effective.

advantage. The AD845 is shown in this
example, and is chosen for its minimum
gain of 100kV/V driving 500Q or higher
loads, output currents of up to +50mA,
and a slew rate of 100V/us. In addition,
it has a cascode FET input stage with
low bias current, and low distortion.

For low impedance loads, Rx at 50Q
produces a 10% gain error and a similar
power loss. Gain accuracy also suffers,
if the load is remote or its impedance is
not known accurately.

If the load Ry, is known and stable, then
adding gain resistors Ry and Ry can
compensate for the gain loss caused by
Rx. For this unity gain driver, when
these resistors are matched in ratio to
Rx/R1,, a nominal overall gain of 1 is
restored.
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PASSIVE CAPACITIVE LOAD ISOLATION
USING ISOLATION RESISTOR, Rx

NOTES:
1. FOR GAIN COMPENSATION,
Re Ry
LET —— = —=—
Ry ~ R

1
2 foyg = ————————
3dB 2nC_ RylRD)

Vour

R
€ =Ccaptg = InF 5000

Figure 8.41

This capacitive load compensation
technique is quite simple and can be
effective, but it does have drawbacks.
Already mentioned is loss of gain (or
gain accuracy) and loss of output power,
there is also loss of bandwidth for high
values of load capacitance, and a pos-
sible loss of slew rate. For example,
while the AD845 has a basic slew rate
of 100V/ps, this falls to 50V/us with
C1,=1nF. In general the slew rate in
this circuit will be limited to
Io(max)/Cy, V/s, when this figure is

smaller than the intrinsic device slew
rate (as is the case here).

The technique of Figure 8.41 is a gen-
eral one, and is useful with any ampli-
fier. High speed, high current devices
will of course make best use of it for
audio. The applications following show
op amps generally suited for line driv-
ing use by virtue of their unusually
high current output, low output resis-
tance, and/or speed capabilities.
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Internal Capacitive Load Compensation

An even simpler method of driving
capacitive loads is to use an op amp
which has an internal load compensa-
tion network. This is an amplifier
design feature that makes capacitive
loading virtually transparent to the
user. It is used in a number of ADI op
amps, including the AD817, the AD829,
and the AD847.

As the simplified AD817 schematic in
Figure 8.42 shows, part of the amplifier
compensation network is capacitor Cy,
which is connected in a feedforward
fashion around the unity gain output

stage. Under normal circuit operation
with low capacitive loads this network
is bootstrapped by the output stage,
little voltage appears across it, and it
has little effect on the output. With
capacitive loading and large signals,
current is drawn from the output stage,
which causes a voltage drop across the
Cy network and a corresponding cur-
rent in it. This adds additional compen-
sation capacitance to the amplifier’s
internal compensation node, slowing
down the amplifier and keeping it
stable.

AD817 SCHEMATIC ILLUSTRATING
INTERNAL CAPACITIVE LOAD COMPENSATION

05

:

——9—0+Y%

-0

TN
i

QUTPUT

+IN

\l. O-Vs

=

NULL 1

o

NULL 8

Figure 8.42

Like the passive form of capacitive load
compensation, internal compensation
causes in loss of bandwidth and slew
rate. In addition it is signal dependent,
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having greater effect with large signals
than small ones. It can also cause some
distortion, since the amplifier band-
width varies dynamically.
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External “In Loop” Capacitive Load Compensation

External in loop compensation is the
most flexible and accurate of the com-
pensation techniques available for
capacitive load isolation. It is flexible
because it can, in principle, be applied
to any unity gain stable op amp,
whether it is operating in inverting or
non-inverting mode. It is accurate
because it includes the isolation resis-
tance Rg within a DC feedback loop.
This feature makes the low frequency
gain accuracy as good as the resistors
used (assuming adequate gain in the op
amp). Its main problem is that it re-

duces bandwidth and slew rate, like the
other techniques we have discussed.

The basic circuit illustrating operation
is shown in Figure 8.43. It is a non-
inverting stage with a gain of 2, where
resistor Ry isolates the capacitive load
Cr. While the circuit is similar to that
in Figure 8.41, the resistive feedback is
taken from the load side of Ry, auto-
matically compensating for gain errors
and loading. The basic gain expression
is similar to that of a standard non-
inverting op amp stage.

CAPACITIVE LOAD ISOLATION
USING "IN-LOOP" COMPENSATION

Figure 8.43

The capacitor Cg provides compensa-
tion for the additional lag introduced by
Cr.. CF can be adjusted to cancel the
effect of Cy, and provide a well damped
step response. This counters the ten-

dency towards overshoot, ringing or
oscillation caused by Cy,, but it does not
allow maximum bandwidth, as the
closed loop bandwidth of the stage is
still a function of Ry and Cy..
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The value chosen for Ry is not critical,
and the stage can be tuned with values
in the range of 10-100Q2. Rx should not
be excessively large, as this will de-
grade power output as well as band-
width.

The optimum value for Cg is a function
of Rx, Cy, and the gain resistors, and
with fixed values for R, Ry and Ry,
will track Cy,. While several references
sug%est procedures for predicting

Cp, 7,8] the best practical approach is
to select a close nominal value for Cp,

then adjust it for optimum pulse re-
sponse in the final circuit layout.[g]
This approach takes additional para-
sitic capacitances into account.

Low values of Rp/Ryn minimize sensi-
tivity to stray capacitance. This will
force Cy higher than 20pF and into a
range of greater predictability and
stability. Cy is best a composite of an
NPO capacitor in parallel with an NPO
trimmer. Alternately, it can be a single
fixed value, once the optimum value has
been verified in final layout.

Op Amp Device/Topology Related Distortions

Single-ended audio drivers can be built
using Figure 8.41 as a starting point,
and that circuit, with appropriate choice
of op amp and gain can well serve as a
basic audio driver. The non- inverting
gain stage architecture is preferable for
a line driver, since it loads the signal
source less, and it does not invert.
However, this configuration is subject to
certain distortions, which should be
understood in order to obtain the best
performance in an application.

The test circuit in Figure 8.44 loads the
amplifier with 500Q and 1nF. Sucha
load is quite difficult to drive, so this
test is useful for discovering the behav-
1or of devices under adverse load condi-
tions. By programming a gain of 2 the
test ensures the presence of sufficient
common-mode voltage to test for com-
mon-mode related distortion as well.
The tests are conducted with £18 V
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supplies and an analyzer bandwidth of
10 Hz-80kHz. We find that amplifiers
with linear output stages and high
drive capability may still exhibit non-
linearity in this test, due to the non-
linear C/V characteristics of the ampli-
fier inputs. The effect can be minimized
by matching the source impedances at
+In and -In, which reduces the differen-
tial component of this error.

This point is illustrated by Figure 8.45,
a family of plots for the OP-275 op amp
tested in the circuit of Figure 8.44,
using various values of source resis-
tance Rg. Distortion is lowest when Rg
is equal to the parallel equivalent of Rp
and Ry, (about 910Q). For higher or
lower values of Rg, distortion rises.
Appreciably higher source impedance
(10kQ) can cause the distortion to occur
at lower frequencies, making perfor-
mance much worse overall.
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TEST CIRCUIT FOR LINE DRIVER AMPLIFIERS

g © ’ : 0418V
al o

Riy Re 0-1uF 470uF/25V
VW VW
YL 1.82kQ 1.82kQ +

c3 o
+Vs 0.1 ]J,FT T47om=/25v
» .VS o— : O -18V

7 Ry
U.UT. & VWA VouTt

Rg 3 49.90

VW + 4

9090 .

(SEE TEXT) Vs ig® JRy4
Vin K
%Ru [ nF é6009
TEST @ 4.99kQ

SOURCE
R0<< Rs ‘

*CABLE PLUS FIXED CAPACITANCE

Figure 8.44

FOLLOWER MODE Rg SENSITIVITY: OP-275
THD + N (%) VERSUS FREQUENCY (Hz) FOR
Vout = 7V rms, Rs = 910Q, 100Q, 10kQ, RL = 500Q, Vs = £18V

0.1

Ap
N
10kQ
f//
0.010 .
4
L 1000
-+ T 3 -
S bt L -1 17
0.001 = = L] 4
9100
.0001
20 100 1k 10k 20k
Figure 8.45
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Whenever possible, amplifiers which
operate as voltage followers should
have their source impedances balanced
for lowest distortion. The OP-275 device
is but one example, and its sensitivity
to CM distortion effects is not at all
unique. Most solid-state amplifiers (op-
amps, in-amps, and discrete bipolar
transistors and FETs) are subject to
nonlinear C/V effects to some extent. In
the tests of other amplifiers, Rg was
maintained at 910Q to minimize the
effects of this distortion mechanism.

With high output, high slew rate linear
amplifiers, the distortion generated for

these test conditions can be comparable
to the distortion of the test equipment
(Figure 8.46). Here the AD817, AD818
and AD845 amplifiers show THD+N
which is essentially equal to the re-
sidual distortion of the measurement
system for these conditions, and appre-
ciably below 0.001%.

Amplifier types expressly designed for
audio use do well in these THD+N tests,
(Figure 8.47). The industry standard
5534 is near or just above the residual
level, the OP-275 plot falls just above
0.001%, and the 5532 is slightly higher.

SET "A" DRIVERS, THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout = 7V rms, Rs = 909Q, R| = 500Q, Vs = #18V

0.1

Ap
0.010
0.001 RESIDUAL, AD817, AD818, AD845 —
. - TR === g
0001
20 100

1k 10k 20k

Figure 8.46
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SET "B" DRIVERS THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout = 7V rms, Re = 9090, RL = 5000, Vs = 18V

0.1
Ap
0.010
5532
"‘0P-275f\
Y I T 5 I I 1 _____-___-____-__-lé_/___,- b —
il mmped s ) 0 I 1 PP ""\‘“------________I{_____\
0.001 s =
— =L E———— = —/
5534 -/
RESIDUAL < -
.0001
20 100 1k 10k 20k

Figure 8.47

SiNGLE-ENDED LINE DRIVERS

This section discusses a variety of line optimized for different environments.
drivers which drive single-ended lines,

Consumer Equipment Line Driver

One common driver application is a line simplicity of biasing and minimum
output stage for consumer preamps, CD output DC offset, AC coupling is used,
players, etc. This is an economical stage and the circuit is often fed from a

with a nominal gain of 5 to 10 times volume control. Such a stage is shown
operating from supplies of £10V to in Figure 8.48, using an OP-275 op amp
+18V, with a rated output of 2-3Vrms as the gain element.

driving loads of 10kQ or more. For
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CONSUMER EQUIPMENT LINE DRIVER

U1 = OP-275
VOLUME
50k0 c1 :VS ==x10V TO =18V
Y [+ l
IN T 1 + c3 RS
100pF/25V U1 — W °
o . 100pF 100Q
NP Vour
R1, 22.1kQ .
VW ) E—
C4, 47pF
1!
t
R2 p:
R3 < R4
cs L § 5.62kQ %1 00kQ
47pF 1 20 1k
c2
‘l?oowzsv

Figure 8.48

In this circuit input and feedback
resistors R{ and Rg are made equal, so
the nominal DC bias at U1’s output is
zero. The U1 bias current flowing in
these resistors polarizes coupling
capacitors C7 and Co. The OP-275 has
PNP input transistors, so this bias is
positive. If the OP-275 is replaced with
an amplifier with NPN input transis-
tors, the polarity will be reversed and
the polarity of C1 and Cq9 should also be
reversed. R and Ro set the stage gain
(nominally 5). Rg and Cg set the LF
rolloff at 0.3 Hz. This allows the gain to
be increased by reducing Rg without
changing C9. The output capacitor, Cg,
must be non-polar, since the output
offset may be of either polarity. If the
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output can tolerate a DC offset of
+10 mV (max - typical value is
+2.5mV), Cg may be omitted.

THD+N performance of the stage is
shown in Figure 8.49 for outputs of 1, 2,
and 3Vrms into a 10k/600pF load,
using +18V supplies with an Rg of 1kQ.
At lower output levels performance is
noise limited, while at a 3V output level
there is a slight increase in high fre-
quency distortion. Although this appli-
cation is an example of a circuit where
the amplifier source impedances cannot
be perfectly matched (due to variations
of the volume control), performance is
still good.
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CONSUMER EQUIPMENT LINE DRIVER
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout = 1, 2, 3V rms, RL = 10kQ/600pF, Vs = +18V

0.1

Ap
0.010
1V
b
prmstr —-
0.001 ot e e b=
.0001
20 100 1k 10k 20k

Figure 8.49

Noise is the limiting factor for lower
level signals, and if lower noise is
required, Ro can be reduced. The practi-
cal limit to noise is the volume control’s
finite output resistance which causes
higher noise at high output resistance,
because of interaction with the noise
current from U1l. If the effective Rq at
the volume control is 10kQ2, a
1.2pA/NHz noise current from U1l will

Paralieled Output Line Driver

Often a modest increase in output may
be needed from a driver, but circum-
stances may not warrant the use of an
additional buffer. Figure 8.50 shows
how the second section of a dual op amp
can be used to provide additional load
drive. In this circuit, the UlA section is
an x 5 voltage amplifier, while UlBis a
voltage follower, used simply to provide

produce an input referred 12nV/NHz
noise voltage.

The driver stage of Figure 8.48 is
flexible, and also operates at supplies as
low as £10V with outputs up to 3Vrms,
with a slight distortion increase. At
+5V, outputs up to 2Vrms are possible,
but with distortion still higher but
remaining <0.01%.

additional current to the load. Current
sharing between the amplifier stages is
determined by output resistors R4 and
R5, and the composite stage drives
600Q loads with lower distortion than a
single OP-275 section. THD+N data is
shown in Figure 8.51 operating from
+18V supplies, and for output levels of
1, 2, 5, and 9Vrms into 600£2.
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PARALLELED OUTPUT LINE DRIVER

R2 1

W W
1.27kQ 4.98kQ
QT .+VS
i R4

R3 u1A WA o
o WA / 33.2Q V v
1kQ ouT
V < R6 :
IN : 1kQ ;O
! ) R5
U1 = OP-275
=L 499
:VS =+18V Q
Figure 8.50

PARALLELED OUTPUT LINE DRIVER
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout=1, 2, 5, 9V rms, RL = 600Q, Vs = +18V

0.1

Ap
0.010
oV 7
1V /
gl eyl e S R [ ey J A g U 5 N -_--QE_-.:;_—:;:’-"-ASV
0.001 = S e v
.0001
20 100 1k 10k 20k

Figure 8.51
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This scheme can be used with any unity
gain stable dual op amp and various
gain levels. For different devices and

Aupio APPLICATIONS

gains the ratio of R4 and R5 may need
adjustment for lowest distortion into
the load.

A Wipe Dy~namic Rance Urtra Low DisTorTION DRIVER

Single-ended line drivers may seem
simple, but when both high dynamic
range and low noise and distortion are
necessary, it is difficult to choose a
suitable amplifier.

The AD797 has very low input noise of
<1 nV/VHz and a distortion cancelling
output stage, and is exceptionally well-
suited to line driver applications.[1 1]

The AD797 has a single voltage gain
stage, which consists of a folded cascode
input and a bootstrapped (and therefore
very high impedance) current mirror
load. The combination has a gain of
about 146 dB. Using a single stage

allows improvements in bandwidth,
phase margin, settling time, and noise
over more conventional two-stage
op-amps.

The AD797 is used like any other 5 pin
op amp (Figure 8.52). Low values for
gain resistors R1-Rg are recommended
for best noise, and selecting these
resistors should be done with care, as
values =100 will limit noise perfor-
mance. Suggested values for gains of
10-1000 times are noted in the “A/B”
column of the table in Figure 8.52. The
AD797 can drive loads of up to 50mA,
and is specified for distortion when
driving loads of 600Q.

AD797 RECOMMENDED CONNECTIONS FOR DISTORTION
CANCELLATION AND BANDWIDTH ENHANCEMENT

Ri

A MA-

C1, SEE TABLE

C2 = 50pF - C1
AlIB B
RT R2 |C1 ©2 3dB |1 ©2 3dB
Q 0 F pF BW pF pF  BW

G=100 |1k 10 50
G=1000 |10k 10 50

P

G=10 909 100 |0 50
0
0

6 MHz |0 50 6 MHz
1MHz |15 33 1.5 MHz
110 kHz |33 15 450 kHz

Figure 8.52
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For amplifier applications requiring the
best possible distortion, the capacitors
C1 and C9 should be used. The single
50 pF capacitor, Co, in Figure 8.52A
compensates for output stage distortion
without affecting forward gain.

At higher gains a second capacitor, Cq,
from the compensation node to ground,
enhances open-loop bandwidth and
improves high frequency performance
by “decompensating” the amplifier and
increasing its gain-bandwidth product
(Figure 8.52B). The effects of C9, and
C1 and Cg, are summarized in the
table.

A family of distortion curves for various
AD797 gain configurations driving
600<2 is shown in Figure 8.53. At low
frequencies the noise is far greater than
the distortion, which cannot be mea-
sured. At high frequencies distortion is
measurable, but still extremely low.
The distortion for a gain of 10 times at
20kHz for example, is ~0.0001%, imply-
ing a dynamic range of 120dB refer-
enced to 3Vrms, and even more at
higher level signals.

TOTAL HARMONIC DISTORTION (THD) VERSUS FREQUENCY
@ 3V rms FOR AD797 DISTORTION CANCELLATION AND
BANDWIDTH ENHANCEMENT CIRCUIT

-80 1
G=1000 ~pu /

/1"

R =600Q

yayival

-90 |~

=100

THD - dB

/ 0.003
a7 /
G=1000 / /
R, =10kQ 0.001

THD - %

y G=100

NOISE LIMIT, G=100

R, =600Q /
/

=110

/ 0.0003

/
Mo

-120

/] |

R_=600Q 0.0001

100 300 1k 3k

10k 30k 100k 300k

FREQUENCY - Hz

Figure 8.53
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Current Boosted Line Drivers

When a driver must drive loads of less
than 600 Q, it is unlikely that an op-
amp can handle the task unaided. In
such cases a current-boosted design
allows loads down to 150 Q.

Figure 8.54 is an example of a high
quality current boosted driver. It uses
an AD845 as a gain stage and voltage
driver, and a unity gain current booster.
The overall voltage gain is x 5, but may
easily be modified by R1/Rg. For lowest
CM distortion, Rg is set equal to

R1 |1 Ra.

The amplifier used for U2 may be either
the AD811 op amp, or the BUF-04
buffer. The AD811 op amp is configured
as a follower, with R5 connected as
shown. The BUF-04 is internally con-

AUDIO APPLICATIONS

nected as a follower. In either case, both
the U1 and U2 devices must have a
heat sink, and be used with supplies of
+17V or less. As usual, the power sup-
plies must be well bypassed.

For loads of 150Q, the series isolation
resistor Ry is only to 22.1Q, to minimize
power loss and to allow levels of 7Vrms
or more. The THD+N data for this
circuit is shown in Figure 8.55 and
Figure 8.56 respectively, using the
AD811 and BUF-04 as the U2 buffer.
The test conditions are successive input
sweeps resulting in 1, 2, 4 and 8Vrms
out. The test power supplies are exactly
+18 V. Production versions of this
circuit, where the power supplies will be
less accurately defined, should use
nominal supplies no greater than £17 V.

CURRENT BOOSTED LINE DRIVER

+Ve © 9 ; —O+17V
s
1 Lk
0.1pF 470pF/25V
+
0.1 uFT 470pF/25V
-Vs (e} ¢ - O 17V
R2 R1
VW VWA
1.27kQ 4.99kQ
R5 = 1kQ
(AD811 ONLY)
| , U
R4
—MWA—0
o F‘g 3 22,10
1kQ Vour

+V s -VS

+VS 'Vs

NOTES: (1) U2 =AD811 OR BUF-04

(2) USE HEATSINK ON U1, U2

Figure 8.54
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CURRENT BOOSTED DRIVER USING AD811
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout =1, 2, 4, 8V rms, RL = 150Q, Vg = 18V

0.1

Ap
0.010
1V
0.001 Emmmsrmtatorri 2Visdmod e o e — g e i e
: oy —

______ =] BV - 7 Ry =
.0001

20 100 1k 10k 20k

Figure 8.55

CURRENT BOOSTED DRIVER USING BUF-04
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout =1, 2, 4, 8V rms, R = 150Q, Vs = +18V

0.1

Ap
0.010
8V
1V:
0001 s ssvoliol ol 23 3 —3 2V- — 1= "—"—'""‘"{— bndhomatit ibumn dasher st d """’-':;
4\ T T =
s S o : 8V
.0001
20 100 1k 10k 20k

Figure 8.56
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For the AD811 buffer, the data of
Figure 8.55 shows THD+N dominated
by noise and residual distortion at
nearly all levels and frequencies while
driving 150Q. A very slight rise in
distortion is noted above 10kHz, yet it
is still ~0.001%. The BUF-04 (Figure
8.56) is nearly as good at low output
levels, but shows some distortion in-
crease at the 8Vrms output at higher
frequencies.

There is a tradeoff involved in the
choice between these two devices. The

A Composite Current Boosted Driver

Another useful current-boosted circuit
technique combines the best features of
two different amplifiers into a single
composite structure, producing a very
high performance line driver.[12,13]
With an FET input IC as the input
stage, there is no noticeable dc offset
change from source resistance varia-
tions of a typical volume control, allow-
ing dc coupling. A high current, wide
band current booster output stage
drives line impedances down to 150Q
with excellent linearity.

A composite amplifier allows the best
features of two dissimilar ICs to be
exploited. Figure 8.57 shows a low
distortion composite amplifier using two
amplifier ICs.

A factor which aids performance is that
U1 operates unloaded, and the compen-
sation pin (5) drives U2. This removes
possible U1 output stage distortion. The
overall gain bandwidth and slew rate of
U1 are boosted by the voltage gain of

AUDIO APPLICATIONS

BUF-04 has a standby dissipation of
about 300mW, while the AD811 has
nearly double this dissipation, 560mW.
So while the AD811 yields lower distor-
tion, it must be operated more conser-
vatively. Only the minimum supply
voltage required to sustain a given
output should be used.

Variants of this circuit technique will be
found in later parts of this section in
other driver applications.

U2, an AD811. The AD811 is used for
its +£150mA(max) output current.

The circuit has an overall gain of 5, set
by R and Ro. The gain of the output
stage, which is set by Rg and Ry, should

be [ Overall Gain _ 1]
2

As the ADS811 is a transimpedance
amplifier, there is an optimum value for
Rg, which should be used, and the gain
varied with Ry4. Further design details
are available in Reference 12.

The composite amplifier performance is
remarkable for its modest complexity.
For a typical audio load of 600€,
THD+N at output levels of 1, 2, 4 and
8Vrms is shown in Figure 8.58. Distor-
tion is only visible above the noise at
the higher frequencies.The circuit will
drive low impedance loads down to

150 Q. At supply voltages above 12V,
U2 requires a heat sink.
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COMPOSITE CURRENT BOOSTED LINE AMPLIFIER

+V =+12TO +17V

>-_I R6 -V=-12T0 -17V
1kQ AD744JN *HEAT SINK U2

AD811AN

VOLUME
50kS2

COMP.

(SEE TEXT) R,
GAIN=1 + R—
M o 2

R; GAIN
SET R, ~ 2

Figure 8.57

COMPOSITE CURRENT BOOSTED DRIVER
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout =1, 2, 4, 8V rms, R = 600Q, Vs = #18V

0.1
Ap
0.010
1V
e ot o T o A A e B e L B o B B e s Lok o O 08 W M AP gy
/
0.001 —— 4v = = == o ==
=TT 8V
.0001
' 20 100 1k 10k 20k

Figure 8.58
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Differential Line Drivers

Standard circuits for line drivers are discusses a variety of possible circuits,
not nearly as well-defined as standard varying greatly in complexity and
circuits for line receivers. This section performance.

“Inverter-Follower” Differential Line Driver

A straightforward approach to develop- OP-275 and one 8x20k film resistor

ing a differential drive signal of 2VyN is network (Figure 8.59). Here U1lA pro-
to amplify in complementary fashion a vides the gain of -1, while U1B operates
single-ended input V1, with equal gain at a gain of +1. The differential output
inverter/follower op amps. With op amp signal across the balanced output line is
gains of +1, this develops outputs -VIN 2VIN, and the differential output

and +VyN with respect to common, or impedance is equal to Rp + Rp, or

VourT = 2Vin differentially. VoyuT can 100Q.
be scaled further, but gains <=1 are
less practical.

This “inverter/follower” driver is easily
built with a dual op amp such as the

OP-275 "INVERTER-FOLLOWER"
DIFFERENTIAL LINE DRIVER

R5 20kQ R6 20kQ2

Vin O—e@—

C4 | R2
33pF T 20kQ

Figure 8.59
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Use of similar values for gain resistors
around the two amplifiers matches the
channel noise gains, and makes the
network easy to obtain. It also matches
the source impedances seen by the op
amp inputs. Capacitors C1-Co provide
HF rolloff, and enhance stability when
driving capacitive lines. This circuit has
high performance for its cost and sim-
plicity. If a resistor network is used for

Rq-R7, it can be built with only 6 com-
ponents.

THD+N performance of this circuit is
shown in Figure 8.60. The distortion is
about 0.001%, and somewhat higher at
1V output level (noise limited). Maxi-
mum output level is about 12Vrms into
600Q before clipping.

OP-275 "INVERTER-FOLLOWER" DIFFERENTIAL DRIVER
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout = 1, 2, 5, 10V rms, Ry = 600Q, Vs = 18V

0.1

Ap

0.010

1V

0.001 = oy

.0001
: 20 100

1k 10k 20k

Figure 8.60

This type of differential line driver can
run into application problems, and
should be used with some care. The
driver circuit uses two single-ended
drivers, and they produce output
signals with respect to the source (Vin)
common point.
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If the receiver used with this driver has
a high impedance differential input
(such as those discussed in the line
receiver section) there is no real prob-
lem. However,one side of the differen-
tial output from Figure 8.59 cannot be
grounded without side effect. This is



because the source drive Vo 1s not
floating.

In this sense, the circuit is pseudo
differential, and it should not be used
indiscriminately. Nevertheless, within
small and well defined systems, it has

Cross-Coupled Differential Line Driver

A more sophisticated form of differen-
tial line driver uses a pair of cross-
coupled op amps with both positive and
negative feedback paths. The general
form of this type of circuit is a cross-
coupled Howland circuit, named after
the inventor of the classic resistor
bridge current pump. The cross-coupled
form was described by Pontis in a solid-
state transformer emulator for high
performance instrumentation.[14

This configuration provides maximum
flexibility, allowing a differential output

AuUDIO APPLICATIONS

the obvious advantage of simplicity and
can achieve high performance. With the
matched sources Rp and Rp of 49.9Q
there will be no damage even if one
output is shorted, but half the signal
will be lost.

signal VoUT to be maintained indepen-
dent of the load common connections.
This means that either side can be
shorted to common, as with a trans-
former.

Figure 8.61 shows the SSM-2142 bal-
anced line driver IC use. The SSM-2142
consists of two cross-coupled Howland
circuits, plus an input buffer. The
trimmed multiple resistor array and
three op amps are packaged in an 8 pin
miniDIP IC.

SSM-2142 CROSS-COUPLED DIFFERENTIAL LINE DRIVER
USED IN BALANCED DRIVER / RECEIVER SYSTEM

NOTE: C7 - C8 MUST BE
CLOSE TO £ Vg PINS

+Vg +18V
c7 *cs

0.1uF “T> 4TOuF/25V
cs +cs
TOUF/25V

~Vin

ALL RESISTORS 30kQ
UNLESS OTHERWISE
INDICATED

IOJ;LF :E 4
Vg ~18V

LINE
RECEIVER,
G=05

>
R ; Vour

% 68pF

Figure 8.61
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The SSM-2142 line driver is designed
for a single-ended to differential gain of
2 and will drive a 600Q2 load. In the
simplest use, it is simply strapped with
the respective output FORCE/SENSE
pins tied together (7-8, 1-2). Small film
capacitors C1-Cg preload the IC for
stability against varying cable lengths.
To decouple line dc offsets, the optional
capacitors Cg-C4 are used, which
should be non-polar types, preferably
films. The 0.1uF low inductance bypass
caps C7 & Cg must be within 0.25" of
power supply pins 5 and 6 as long lead
lengths will cause excessive THD.

In a system application, the SSM-2142
is used with a gain of 0.5 receiver,

either an SSM-2143, or one of the other
line receivers discussed previously. The
system shown in Figure 8.61 comprises
an entire single-ended to differential
and back to single-ended transmission
system, with noise isolation, and net
unity gain.

Figure 8.62 shows the THD+N perfor-
mance of the SSM-2142 driver portion
of Figure 8.61. Performance is noise
limited for the 1V output curve, and
distortion drops to <0.001% for higher
levels, rising with higher frequencies
and at 10V output.

SSM-2142 CROSS-COUPLED DIFFERENTIAL DRIVER
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout =1, 2, 5, 10V rms, R = 6000, Vs = 18V

0.1

Ap
0.010
10V]
1V =
&+ e
0.00t = 2V e
— s s 5V
0001
20 100 1k 10k 20k

Figure 8.62
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Transformer Coupled Line Driver

Transformers provide a unique method
of signal coupling, which allows com-
plete common-mode isolation. As noted
in the section on line receivers, trans-
formers are not without their technical
and practical limitations, but their
singular ability to galvanically isolate
grounds maintains a place for them in
difficult applications. Fl 5,16]

The circuit of Figure 8.63 is a low DC
offset, high linearity driver circuit using
a high quality nickel core output trans-
former. Ul and U2 form a high current
driver, similar to the current boosted
driver of Figure 8.54.

In this circuit Ul is selected as a low
bias current, low offset voltage FET

AUDIO APPLICATIONS

input op amp, in order to hold the DC
offset at the primary of T1 to a mini-
mum (less than +£15mV). The DC cur-
rent flowing into the primary winding of
a transformer should be minimized, in
order to minimize distortion. At the
input to Ul, Cy (a high quality film
capacitor) decouples any DC offset
present on the signal input V.

The U1-U2 device combination is ca-
pable of providing £100mA or more,
which allows this circuit to drive low
impedances. Although T1 is shown with
a 1:1 ratio, other winding configura-
tions are possible, allowing the circuit
to drive a wide range of load resis-
tances.

TRANSFORMER COUPLED LINE DRIVER

R2 Ri

'A vAvA
1.82kQ 1.82kQ

-;-Vs [o; _L _l_ O+17V
+
0.1uF 470uF/25V
+
0.1 “'FT T 470uF/25V
-Vs (e, O 17V
+Vg
D1
1N4448 DIODES
D2
Vg .
R7A BRN ORG OgT =
i0Q @ @ BALANCED
FLOATING
OUTPUT
RED YEL °
JT-11-DM

T1: JENSEN TRANSFORMERS

10735 BURBANK BLVD., N. HOLLYWOOD, CA 91601

Figure 8.63
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TRANSFORMER COUPLED DRIVER
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout = 1, 2, 4, 8V rms, RL = 6000, Vs = #18V
1 .\

Ap
0.1k
AY
iy
0.010 35gy
<4V
2V
1V X{]
-t N
NOM
R
0.001 el
.0001
20 100 1k 10k 20k

Figure 8.64

THD+N performance for this driver-
transformer combination is shown in
Figure 8.64. Like the 2x or 5x basic
drivers previously described, its perfor-
mance is essentially distortion free

above 100Hz. At lower frequencies
there is seen a level and frequency
dependent distortion rise which reaches
a maximum at 20Hz with output levels
of 8Vrms (20dBm).

Transformer Coupled Line Driver with Feedback

Steel core transformers are more eco-
nomical than nickel core ones, but have
higher distortion. To further complicate
design, the nonlinear distortion charac-
teristics of steel core transformers vary
with level and frequency in a complex
way, rising at low levels and low fre-
quencies. Their behavior is less forgiv-
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ing than that of the nickel core types,
and complicates their use in audio
drivers. A family of distortion curves for
a typical steel core transformer illus-
trates this behavior, shown in Figure
8.65. This series of curves is for a
Jensen JT-123-S transformer.
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STEEL CORE TRANSFORMER
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If a steel core transformer has several
tightly-coupled windings, one may be
used in a feedback loop to minimize the
effects of the transformer non-linearity.

The circuit of Figure 8.66 is a low
distortion driver using the quad-filar
wound JT-123-S transformer, and an
AD845 as the amplifier. Two parallel
windings are used as the primary,
feedback is taken from one secondary,
and a another drives the balanced 60002
load.

To minimize DC offset, an FET input op
amp is used, with local DC feedback via
Rg. This ensures that the maximum DC
at the primary is no more than the sum
of the amplifier Vos and IbiasxRg. For
bias currents greater than 1nA and a
high value for Rg, the bias current
component may become the dominant
DC error. As a consequence a FET
input device should be used for Ul.
Since the AD845 can also dissipate
>300mW, a heat sink will minimize
temperature and hence bias current.

The transformer feedback loop is closed
via R1, Rg and Cq, which cause the
overall U1-T1 combination to act as an
inverting amplifier for audio signals.
As with a standard inverting amplifier,
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gain is set via R1 and Rg, which in this
case provide an (unloaded) gain of 2x
from VN to Vour. High quality film
capacitors are recommended for Cq and
Co, but their exact values and toler-
ances are not critical.

THD+N performance of this feedback
driver is shown in Figure 8.67 using the
specified JT-123-S transformer. A
comparison of these data with those of
Figure 8.65 demonstrates the effective-
ness of the distortion reduction, and the
variation of distortion with level and
frequency. At some points the improve-
ment is more than an order of magni-
tude.

Some precautions are necessary for the
effective use of this circuit; they are
mostly concerned with circuit dynamics.
The circuit should not be overdriven,
particularly at low frequencies, as the
resulting distortion can be quite high.
Clamping diodes D1 and D2 absorb any
inductive kicks from T1 which might
damage Ul. The output of the basic
circuit is limited to just over 5Vrms into
600Q2 at low frequencies, but this can be
increased by using a buffered driver for
U1 (similar to that in Figure 8.63), and
a larger transformer for T1.
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STEEL CORE TRANSFORMER WITH FEEDBACK DRIVER
THD + N (%) VERSUS FREQUENCY (Hz)
FOR Vout =5, 2, 1, 0.5V rms, R = 600Q, Vs = +17V
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APPENDIX: DC SERVO CONTROLLED AUDIO STAGES

With multiple stages of audio-frequency
gain, the accumulation of DC offsets in
various amplifiers can lead to problems.
A classical solution to decoupling DC
offset has been to employ input/output
coupling capacitors. Typically, this
involves the use of large value electro-
lytic capacitors (100 to 1000 uF) when
operating into low impedances.

Modern low-bias-current, low-offset-
voltage op amps allow simple elimina-
tion of coupling capacitors in many
instances. For example, the use of low
bias current, low offset voltage FET

input amplifiers such as AD711/AD712/
AD713, AD744/AD746, and OP-249 in a
basic gain-of-10 stage will not generally
require capacitive coupling. With an
appropriate device choice, output offset
can be held to as low as £10mV or less,
and will scarcely vary with source
resistance.

This is one approach to the elimination
of coupling capacitors. A more general
approach which has come into vogue in
recent years is the use of a DC servo
amplifier stage, for output offset elimi-
nation.

NonN INVERTING GAIN STAGE WITH SERVO

The circuit of Figure 8.68 is a standard
non inverting audio voltage-amplifier
gain stage (U1), with a non inverting
integrator feedback stage connected
around it (U2). For normal audio input
signals, the gain of this stage is defined
conventionally; that is, it is the ratio of
the Ul feedback resistance (R9) to the
total resistance from the inverting input
to ground plus 1. In this instance, the
resistance to ground is made up of the
parallel equivalent resistances of R3
and Ry, so the net gain “G(Ul)” of stage
Ul is: \

R Eq. 8.23

Geup =1+——2
(UD = " RIR,

In the servo circuit R5-C; and Rg-Cqg
form the integration time constants,
which should be well matched in this
form of integrator. The DC feedback
from stage U2 is applied to the invert-
ing input of Ul via Ry. The servo loop
forces the net DC output of amplifier
stage Ul to a very low level. In practice,
the DC output offset of Ul becomes
equal to the offset voltage of amplifier
U2.

Two factors affect the low frequency
rolloff of the Ul gain stage, as altered
by the servo loop. One is the integrator
RC time constant, which sets the inte-
grator stage’s -3dB frequency point,
f(U2) (not the overall system -3dB
point). The integrator 3dB point is:
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NON-INVERTING GAIN STAGE WITH DC SERVO

Vin U2 = AD820, OP-97, OR AD705
. AN (SEE TEXT)
U1 . .
) R2 %RS, 1MQ, 1%
10ka2 R4 + ouT
WA U2
R1 100kQ .

e o i _1c2 D1 D2

T I TowF v X

R5 A JaN

0.1uF 2%
L W T
° O
D1, D2 = LOW LEAKAGE,
GREEN LEDs
(SEE TEXT)
Figure 8.68
1
f = Eq. 8.24
(U2) ZTIZR5C]_

where R5 =Rg, & C1 =Cq.

A second factor is the total DC transfer ratio of the circuit, measured from the U2
input to the Ul output, or servo sense point. If this is defined “1/n”, then a modified
expression for the overall circuit’s -3dB point can be written as:

fragay = 1
(3dB) n27ER501

where n = R4/Ro, thus:

The servo RC values should be selected
first for reasonable values. Then, feed-
back resistor Ry is chosen several times
higher than R9, making “n” large and
“1/n” small. In the example, 1/nis 0.1,
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Eq. 8.25

Eq. 8.26

so the the rolloff point is about 0.16 Hz.
In general the rolloff frequency should
be around 1% of the low frequency limit
of the signal being processed.
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At the U2 amplifier input, low-leakage
(<100 pA) clamp diodes should clamp
Co, to prevent possible latch up. Suit-
able diodes are ordinary green LEDs
with a light shield such as shrink
tubing (to eliminate photocurrents), or
C-B junctions of 2N5088/89 NPN tran-
sistors. Servo amplifier U2 should be a
unity gain compensated, low offset
voltage, low-input-bias-current op amp.
This can be either a FET-input device
or a bias current compensated super-3
bipolar. Possible choices are the AD711
or the OP-41 (FETs); or an OP-97 or
AD705 (bipolar).

Note that most FET input op amps will
need the clamp diodes to prevent phase
reversal. When working on a common
rail design (i.e., both the servo amplifier
and amplifier being servo’d operate
from common rails), there are excep-
tions to this behavior. These are the
ADB820 and AD822 op amps, which, as
single supply designs, have working
input CM ranges which include the
negative rail. As such they can be used
without special precautions against
latchup, and they also serve very well
as integrators due to their very low bias
current of 2pA and their rail-rail output
swing. Given these characteristics, the
ADS820 and AD822 are especially suit-
able for the application.

Any servo amplifier IC working on
supplies lower than that of the servo’d
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amplifier must use the clamping diodes.
An audio power amp, for example, may
swing £50V at its output, and such
potentials can cause malfunction or
outright destruction in lower voltage
servo ICs.

U1, and its associated circuitry, can
take on many forms more complex than
the one in this basic example. Ul might
be a high output swing power amplifier.
The servo loop would still operate as
described, and correct not only offset
errors due to Ul, but also any varying
DC input level to U1. The servo tech-
nique can be useful for continuous
correction of high bias current, high
offset or high drift. (It will even stabi-
lize thermionic valves— another exer-
cise for the historically minded reader).

Ensure that the worst-case offset to be
corrected at the input of U1 is within
the dynamic range defined by the
values assigned for Rg-Rg-Ry_the
specific supply voltages used for U1-U2,
and the clamps. High-quality low-
leakage 1 or 2% film capacitors should
be used in the integrator along with 1%,
50ppm/°C metal-film resistors. Since
these components will be high-imped-
ance, lead lengths should be minimized
around U2, and the assembled circuit
should be carefully cleaned of any flux
residue. The outside foils of both C; and
Cq should be connected to the lower
impedance of the two nodes.
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INVERTING GAIN STAGE WITH SERVO

An inverting stage with servo offset
correction is shown in Figure 8.69, and
uses a familiar inverting integrator for
feedback. In this circuit, Ul is an in-

verting audio stage with a gain of
Ro/R7. DC feedback from the U2 inte-
grator stage is applied to Ul through
the divider, R4-Rg.

INVERTING GAIN STAGE WITH DC SERVO

Vin R1 R2
1kQ 10kQ v
() / ouT
——7 R5
1MQ
ct
I
1l
0.1uF D1 | D2
R3 R4 ) N JZN GREEN
1kQ 100k \
N °
U2 = AD820, OP-97, p RE=RSA &
OR AD705
(SEE TEXT) — |
C2=C1 (SEE TEXT)
Figure 8.69

In this circuit the 1/n scaling factor around the U2-U1 DC loop is:

1_ Rg 1+Ro
n Rg+Ry Rq

which is used to calculate the circuit’s
effective rolloff. With the time-constant
values shown and the scaling of R4-Rg,
the circuit of Figure 8.69 has a low
frequency cutoff of about 0.17 Hz.

When used just as shown with the U2
noninverting input grounded, clamping
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Eq. 8.27

diodes may not be necessary if they are
integral to U2, as they are in the
AD705 and OP-97. For higher bias
current amplifiers at U2, the compensa-
tion network Rg-Co may be used, in
which case low-leakage input clamp
diodes are recommended. In any case,
the use of quality components for Ry



and Cj is important. Again, R4 should
be about ten times Ro (with R7 and Rg
equal), and the supply voltage used for
U1-U2 must be sufficient to accommo-

date the worst DC offset expected of Ul.

This circuit also works with more
complex inverting stages, including
discrete ones.

In principle, a non inverting integrator
could also be used, with DC feedback to
the R1-Rg junction. The inverting
integrator is more simple overall,
however, and eliminates one RC net-
work. This circuit works well when U1l
has a current input.

From a system point of view, the “1/n”
scaling factor of the servo can be very
useful in extending the low frequency
range of these two basic designs. ADC
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attenuator or “tee” network can be
placed between the Ul output and the
integrator, and will work in a similar
fashion for 1/n frequency scaling.

However, this particular frequency
scaling approach should be used with
caution, as it has the side effect of
increasing the input offset of integrator
U2 by the amount of attenuation. The
output offset of U1 is then higher. For
modest attenuations prior to the inte-
grator (£10 times), the circuit can be
useful with the AD705 or OP-97 or
similar devices, as their worst case
offset is below 100uV. In general, the
offset multiplication effect prevents
most amplifiers from being used with
substantial (=10 times) input attenua-
tion prior to Rs.
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SPEAKER CROSSOVERS
Hank Zumbahlen

The physics of sound reproduction make
it very difficult for one driver (loud-
speaker) to handle all audio frequen-
cies. Therefore, most speaker systems
consist of multiple drivers, each repro-
ducing a segment of the audio spec-
trum. A mass-controlled piston working
into an acoustic load derives its re-
sponse curve from the cancellation of

AUDIO APPLICATIONS

two opposing effects. First is the cone
excursion which is inversely propor-
tional to the square of the frequency.
The second is the resistance of the
acoustic load which is proportional to
the square of the frequency. These
effects cancel in the center of a
speaker’s frequency response, creating a
flat response.

SPEAKER CROSSOVER CONSIDERATIONS

Frequency Division Between Speakers

Component Selection

B8
B SpeakerImpedance Versus Frequency (Compensation)
B
]

Passive Versus Active Crossover Networks

Figure 8.70

At some high frequency, where the
wavelength of the acoustic wave is less
than the circumference of the driver;
the acoustic resistance levels off, and
the response of the speaker rolls off at
12 dB/octave. At the resonant frequency
of the driver, the excursion is domi-
nated by the compliance of the suspen-
sion rather than the mass of the cone.

This causes a roll off which is also

12 dB/octave. Therefore, reproduction of
low frequencies requires a speaker that
has a large surface area, allowing it to
move a large amount of air. The driver
surface should also have relatively high
stiffness so that the surface moves as a
uniform piston with no flexing. This
usually implies higher mass.
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For high frequencies, the tweeter
should have as little mass as possible so
that it can respond to the input signal
quickly. Even though a zero-mass
tweeter would be ideal, the tweeter still
needs stiffness so that it does not flex.

Most speakers work well over a fre-
quency range of about 10:1. This means
that we would customarily use three
drivers to cover the audio spectrum of
20 Hz to 20 kHz. For reasons of simplic-
ity (and cost), designers sometimes try
to cover the frequency spectrum with
only two drivers. This places higher
demands on each driver and usually
requires sharper cutoff rates on the
crossover filter to limit the out-of-band
driver signals. It is especially important
to limit the low frequency energy to the
tweeter in order to limit its excursion.

Since we have separate speakers cover-
ing different portions of the spectrum,
we need to divide the input signal
spectrum and then direct the proper
portions to the proper drivers. These
crossovers are usually passive filters
placed between the power amplifier and
the drivers. Sometimes, however, we
may want to implement the crossover
function at line level. There are some
advantages as well as disadvantages to
this approach.

The passive crossover is simply a high-
level passive filter. The speaker is the

IVLIZ+ V1 2+ VL2 = |Vl 2

The use of this type of crossover pre-
dates the APC in commercial systems
by many years. It is interesting to note
that odd-order systems are both APC
and CPC.

The next thing that must be deter-
mined is the order (number of poles) of
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load impedance of the network. We
generally assume zero source imped-
ance (as opposed to using a source
termination). This ensures the maxi-
mum power is delivered to the load.
Next we determine the crossover type.
The two configurations used most often
in speaker crossover design are the all-
pass configuration (APC) and the con-
stant-power configuration (CPC).

The APC, introduced by Garde, is the
current favorite. When the outputs of
the filters are combined, the resultant
has the same magnitude as the input at
all frequencies. This is shown in the
following equation (Eq. 1) where Vyyy is
the input voltage, V1, is the low pass
output voltage, Vyj is the bandpass
output voltage and Vyj is the high pass
output voltage. Phase does not appear
in this equation.

VL, + Vi + V! = VNI Eq. 1

It is not possible to pass a signal
through a ladder network and preserve
both magnitude and phase. APCs are
desirable because they do not introduce
variations in the speakers amplitude
response.

The other popular network is the CPC
(constant power crossover). In the CPC,
the output power of the network is
equal to the input (Eq. 2).

Eq. 2

the system. All-pole systems roll off at
6n dB/octave, where n is the order.

First order systems are attractive
because few components are required.
However, because of the low rolloff rate,
the response of the drivers must be flat
far beyond the crossover frequency. As
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a practical matter, the speaker re-
sponses overlap so much that problems
such as interdriver cancellation are
more troublesome. (Interdriver cancel-
lation occurs when two drivers operate
at the same frequency, and the speak-
ers are separated by an odd multiple of
1/2 the wavelength of the signal.) A first
order system is a minimum phase
system as well.

Second order systems are considered by
many to be the lowest acceptable order
for a crossover network. The number of
components is still manageable, the
operational range is better controlled,
and the phase shift of the network is
still quite low. In contrast to odd order

IMPEDANCE COMPENSATION

All design equations for crossover
networks assume a constant load
impedance. The impedance of a speaker
is far from constant as shown in Figure
8.71. We should therefore add networks

AUDIO APPLICATIONS

crossovers, 2nd order (and all even
order) crossovers are insensitive to
system phase relationships.

Third order systems are also very
popular. Since they are odd order, they
are both APC and CPC. The number of
components is still manageable, but the
phase shift of the network is greater.

Fourth order systems are sometimes
used where a high cutoff rate is re-
quired (often to reduce the excursion of
a tweeter). The disadvantages of fourth
order systems are high component
count (high cost), and high phase shift
in the network.

to try to equalize this impedance.
Typically, this network takes the form
of a series R-C across the speaker
terminals (called a Zobel network) as
shown in Figure 8.72.

SPEAKER IMPEDANCE

IMPEDANCE

|
|
|
|
|
|
|
|

PEAK AT

RESONANCE

RISE DUE TO
VOICE COIL
INDUCTANCE

FREQUENCY
Figure 8.71
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ZOBEL NETWORK

IMPEDANCE

FREQUENCY

Figure 8.72

Unfortunately the Zobel network only
partially compensates for the speaker
impedance variation. The impedance of
the speaker does not rise with fre-
quency as a series L-R network does,
but is approximately proportional to
RVL. This is sometimes referred to as a
semi-inductor. However, the simple
Zobel network, optimized at the cross-
over frequency, does a good job of
flattening the impedance in the fre-
quency range around the crossover
where it is needed most (see Figure
8.72).

There is an impedance peak at the
resonant frequency of the speaker. This
peak has a fairly high Q. We can design
a series LRC network to equalize this
peak as shown in Figure 8.73. However,

8-104

as the frequency goes down, the size of
the inductor required (in value, physical
size and cost) becomes large. Compen-
sation of this type is therefore rarely
used for woofers, but is more common
for midrange drivers and tweeters,
especially when the resonant frequency
is within an octave of the crossover
frequency. Since these are high Q
circuits, the transient response is not
optimum and they tend to ring.

You can also add networks in series
with the speakers to control frequency
response variations. These networks
are usually parallel LR (for rising
response with frequency, Figure 8.74A),
RC (for falling response with frequency,
Figure 8.74B), or LRC (for a hump in
the frequency response, Figure 8.74C).
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A last function which should be accom-
plished by the crossover is to equalize
the sensitivities of the drivers. This is
normally accomplished with an L-pad
so that the signal level can be adjusted
without affecting the load impedance
seen by the network. An alternative is
to use a resistor in series with the load.
The crossover load is now the sum of
the pad resistor and the speaker imped-
ance, which still requires impedance
equalization. This approach, while
saving a resistor, does not allow the
flexibility of adjustment offered by the
L-pad.

The quality of the components used is
crucial to good performance. Inductors
should have low DC resistance because
of the high currents they will carry.
These currents may actually be larger
than the ones in the load. The currents
can approach tens of amperes. Since the
impedance levels are low, it only takes
a small amount of resistance to turn a
LC network into a LRC network. The
formulas for passive crossovers assume
ideal inductors with no series resis-
tance. This means that the inductor
must be wound with thick wire. Most
crossover inductors are wound with
AWG 16 or 14 wire. Iron core inductors
should be designed so that they do not
saturate under high peak current

CrossovER DEsiGN EXAMPLE

Our goal is to design a three-way
(woofer, midrange & tweeter) system.
The midrange driver is actually three
drivers in parallel, and the tweeter is
two drivers in parallel. The drivers’
voice coils are arranged in parallel
instead of in series for two reasons.
First, a solid-state amplifier is more
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conditions. Many audiophiles dislike
iron core inductors for this reason, but
they do allow higher inductance values
for a given amount of wire and provide
lower DC resistance.

Capacitors for audio use should have a
film dielectric. Electrolytic capacitors
should be avoided. Their ESR (equiva-
lent series resistance) and DA (dielectric
absorption) are poor and, being polar-
ized, their behavior with an unpolarized
audio signal (the commonest sort) is
distinctly non-linear. Unfortunately,
film capacitors are only available up to
about 100uF, and at these values, they
are very large.

Resistors should be large enough to
absorb at least as much power as that
being delivered to the speaker. Square
power resistors are the best choice. The
are Inexpensive, fairly accurate, and
they are resistive rather than reactive
throughout the audio frequency range.

The physical size of the components, the
series resistance of even high quality
inductors, and the limitations imposed
by the speaker as the terminating load
compromise the accuracy of the passive
crossover. This has led designers to
consider active crossovers as an attrac-
tive alternative.

likely to develop large currents at
moderate voltages than large voltages
at moderate currents. So it is better to
have a low impedance system. Sec-
ondly, the power at resonance divides
more uniformly between drivers in
parallel than between drivers in series.
Physically, the midranges and tweeters
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alternate in a line-array arrangement. a constant current source. We first
This is variation on the D’Appolito substitute a 10Q resistor for the
configuration. This configuration has speaker. We then adjust the level of the
the advantage of a very uniform hori- oscillator for 10mV across the resistor.
zontal frequency response. Now, leaving the oscillator level fixed,
we replace the speaker and measure the
First we measure the impedance of the impedance directly; 1mV corresponds to
speakers versus frequency. We use the 1Q2 impedance.

setup of Figure 8.75. This approximates

IMPEDANCE MEASURING

SINEWAVE AV
SIGNAL
GENERATOR

FREQUENCY AC
COUNTER DVM

Figure 8.75

As it is desirable to load the passive The design equations shown in Figure
filter with a fixed impedance, the im- 8.76 and Figure 8.77 are now used to
pedance versus frequency should be as determine the passive crossover net-

flat as possible.

work component values (Figure 8.78).
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RESONANCE COMPENSATION NETWORK DESIGN

Design Equations:

o 0.1592
T C= ———r
L
0.1592Rg Qg
RC fs
o
QesR
RC=RE+ ESTE
MS

Obtain From Speaker Manufacturer's
Data Sheet: QES ’ Qms, R E’f s

Figure 8.76

ZOBEL COMPENSATION NETWORK DESIGN

Design Equations:

© l R, = 1.25R,
C;
[ Le
Rz Cz= R,2
O

Lg = Driver Voice Coil
Inductance in Henries

Figure 8.77
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IMPEDANCE MATCHING NETWORKS

DRIVER Cc L Re Cz Rz
Midrange | 466pF | 1.23mH | 2.4Q | 23.2pF | 2.20
Woofer |7538uF| 9.3mH | 3.0Q |66.9uF| 3.5Q

NOTE: TWEETER REQUIRES NO IMPEDANCE COMPENSATION

Figure 8.78

The capacitance value of 7538uF for
impedance compensation (C, L & Ry) is
not practical for the woofer because the
frequency of the impedance peak is so
low. We will therefore ignore this part
of the compensation. If this were a
ported enclosure, the impedance hump
would actually be partially tuned out by
the enclosure. This would reduce the
large hump and add an additional
smaller hump. This system is a trans-
mission line, however, which tends to
flatten impedance peaks.

For the remaining components we use
the nearest standard value for the
inductors and resistors. We synthesize
the desired capacitor values by parallel-
ing standard values. The 466pF capaci-
tor is made by paralleling 280uF +

140uF + 47pF. Because of the size of
the capacitors, we are forced to use
electrolytics for values >100 pF. This is
not a significant problem in this design,
since the resonant tank circuit functions
over a relatively small frequency range.
Also, since it is a shunt circuit, its
effects are not heard in the speaker. In
addition, the frequency of the resonance
is low so the ESR of the cap is mini-
mized. To eliminate the requirement of
a polarization voltage, we use non-
polarized electrolytics ( back-to-back
electrolytics arranged so that either one
or the other is properly polarized). The
effectiveness of this compensation is
shown in Figure 8.79 for the woofer and
in Figures 8.80 and 8.81 for the
midrange driver.
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WOOFER IMPEDANCE
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MIDRANGE IMPEDANCE
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Figure 8.80
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8 —p—
ZOBEL /
7 —+ COMPENSATION
.~~~ ONLY //
T /
e} //
Ll 5 -
e /
g /
w 4T 4 RESONANCE
= y COMPENSATION
3 T ONLY
.l =
1 | | |
10 100 1k 10k 100k
FREQUENCY (Hz)
Figure 8.81

We do not attempt to compensate the
tweeter because the impedance peak is
relatively small and far away from the
tweeter passband. Also, the impedance
does not begin to rise with frequency
until beyond 20 kHz. While this is true
of this particular set of drivers, it is not
necessarily so, and impedance compen-
sation may be required if other drivers
are used.

With the speaker impedances compen-
sated, we design the actual crossovers.
We choose a 2nd order APC. We start

by using the equations of Bullock in his

classic series on crossovers in Speaker
Builder (1/85 - 3/85, 1/86 & 4/87). The
equations were put into a spreadsheet
to allow for easy manipulation of the
numbers. The cutoff frequencies were
then modified slightly so that the
inductors required fall as close as
possible to standard values. The calcu-
lations used are in Appendix 1. The
capacitor values are synthesized by
paralleling standard values. The final
schematics are shown in Figures 8.82,
8.83, and 8.84. Note that the polarity of
the midrange drivers are reversed. This
is critical for the proper response.

=
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WOOFER COMPENSATION CIRCUIT

LOWPASS } IMPEDANCE
Ji | COMPENSATION
WOOFER %';U\ | N .
HOT 3.2mH :
. : BC
cia| cie| cic| | 3302
FF T~ -~ {
31pF 40pF | 4.7uF : e . L
J2 : |
WOOFER | S0puF | 15puF |1uF
RETURN ;
]
SPEAKER: MADISOUND 1252 DVC
Figure 8.82
MIDRANGE COMPENSATION CIRCUIT
|
|
MIDRANGE BANDPASS | IMPEDANCE
HOT FILTER } COMPENSATION
4 . o
J3 >—i¢ LI — W\ 1
0.33mH I 3.3Q
45,F | 240
| . < T
| 220 2 AN
§ : 1.35mH 1
6.5mH ™~ . _ T.\
2.2uF J_ 1 1 )
MIDRANGE = ~~ 15uF ° 8uF
RETURN 280pF 14om;l\ 47,F T,,\
Ji ©

SPEAKERS: AUDAX HD12P25FSM
NOTE: SPEAKERS WIRED OUT OF PHASE
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Figure 8.83
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TWEETER COMPENSATION CIRCUIT

TWEETER HIGHPASS

HOT g FILTER

J5 >

AN
2.5uF

TWEETER
RETURN
Jé >

2.4Q *

0.35mH +

rd

SPEAKERS: AUDAX HD100D25

Figure 8.84

Some final points regarding the passive
crossover are in order. If the inductors
are oriented so that their magnetic
fields overlap, unwanted voltages may
be induced from one inductor to the
other by mutual inductance. This can
be avoided by orienting coils in close
proximity and at right angles to each
other.

In wiring the drivers, use two separate
wires (hot and common) to each set of

Active Crossover Network Design

Active crossovers are active filters

which partition the frequency spectrum.

They are line level circuits which are
placed in front of the power amplifiers.
A separate power amplifier is therefore
required for each frequency range

drivers rather than use a common
return for all drivers. This minimizes
inductance and impedance in the return
path and prevents the modulation of
one speaker by the other. This idea may
be extended by providing two separate
cables between the power amplifier and
the speakers: one for the woofer, and
one for the midrange and tweeter. This
is referred to as bi-wiring.

speaker. This is the active crossover’s
chief disadvantage. Since a separate
amplifier is required for each band, the
cost of the system is much higher.
However, there are many advantages to
active crossovers.
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PASSIVE VERSUS ACTIVE CROSSOVERS

PASSIVE

B Large, Expensive Components

B Difficult to Design and
Manufacture

B Simple Interface

ACTIVE

B More Component Spread
Allowed

B Easierto Tune

B Better Amplifier Control of
Driver

B Increased Power Amp
Requirements

B More Costly than Passive

B Time Domain Compensation
Possible

Figure 8.85

First, the active crossover network is
isolated from the speaker impedance by
the power amplifier. This makes the
design of the filter simpler and more
accurate. Second, the impedance of the
filter may now be scaled so that compo-
nent values can be made more practical.
Another advantage is that inductors are
not used in active filters, and it is much
easier to tune an active filter than a
passive filter because of the isolation
between the sections of the active filter.

Another possible feature which can be
implemented in an active crossover is
time delay. The acoustic center of a
speaker is located approximately at the
point where the voice coil attaches to
the cone (or dome). When different
speakers are mounted on a common
baffle, their acoustic centers do not line
up. This results in a time difference
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which can be canceled by delaying the
signal to one speaker relative to an-
other. This can be accomplished with an .
all-pass filter. Time alignment can also
be accomplished by mounting the
different speakers on baffles that are
offset from each other. However, this
increases manufacturing difficulty and
may cause problems with diffraction
around the baffle edges.

In the active design, impedance match-
ing circuits may be eliminated. Almost
all modern audio power amplifiers have
very low output impedances at audio
frequencies. This means that they will
provide whatever current is required
(within the amplifiers’ current output
capability), to develop the correct volt-
age across the load. Therefore, speaker
impedance changes with frequency do
not affect overall performance.
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Another advantage of an active cross-
over is that since the speakers are
connected directly to the amplifier, the
damping ratio of the amplifier can
control the back-EMF of the speaker.
This is especially true for the woofer. A
dynamic driver works by developing a
voltage in a coil of wire (in this case
called a voice coil) which then moves
relative to a fixed magnet. Back-EMF is
produced by the speaker’s voice coil
moving through a magnetic field due to
the momentum of the cone, not because
of an input signal. This sets up a volt-
age in the coil. If the coil is connected to
a low impedance source, such as the
power amplifier, the induced voltage is
essentially shorted out. If there were a
passive crossover between the speaker
and the driver, this back EMF would
distort the signal because of the finite
driving impedance. Eliminating this
effect results in better transient behav-
ior (i.e.,’faster” bass).

We can now design the active frequency
crossover network. We would typically
use a standard filter realization such as
the Sallen and Key or Multiple Feed-
back (MFB). For a second order filter,
the “a” parameter in Bullock’s article is
a (1/Q) for the filter. The “H” parameter
is the gain peaking function of the
bandpass. If we had used a CPC filter
we would probably implement the
active crossover as a Butterworth filter
of the proper order. For an APC filter it
is more complicated if the proper re-
sponse is to be maintained, as the
equations are a function of the spread
in the two crossover frequencies.

First select the circuit topology. It may
seem attractive to form the bandpass
section by subtracting the lowpass and
highpass sections from the input signal.
The problem with this approach is that
the response does not turn out the way
that we would expect.

AUDIO APPLICATIONS

Take for example subtraction of a
lowpass from the input signal to form a
high pass (HP = high pass response,
LP = low pass response) :

HP=1-1P
HP=1-— 1
s“+2s+1
2
HP=_§S_L2§__
s“+2s+1

This is not the same as a standard high
pass transfer equation:

2
HP=—">

s2+2s+1

Thus we get an asymmetrical transfer
function that will meet the constant
voltage requirement of the CPC but not
the constant power requirement of the
APC.

The second option is a slight variation
on the first: cascading two state-vari-
able filters. The first will be tuned for
the lower crossover frequency and the
second for the upper crossover fre-
quency. State variable filters have both
high pass and lowpass (as well as
bandpass) outputs. The lowpass output
of the first section will be the woofer
signal. The highpass output of the first
section will be the input of the second
section. The second section’s lowpass
output will then be a bandpass output
which will be our midrange signal. The
highpass output will be the tweeter
signal.
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This approach has the advantage of
having no possible “hole” in the fre-
quency response due to misalignment of
the filter response. Since the same
frequency determining components
determine both high and low pass
responses for each section, the re-
sponses must be the same. The disad-
vantage to this approach is that the
number of components is increased. The
signal passes through more op amps in
this configuration.

Next we look at the brute force ap-
proach of building the filters out of
second-order sections. We shall build
the bandpass section as a combination
of lowpass and high pass sections, since
the crossover frequencies are more than
an octave apart. We will use Sallen-Key
filters, since they are the least depen-
dent on the op amp parameters (al-
though at the frequencies at which we
are working, this is probably not a
major consideration).

We have chosen a second order APC,
also known as a Linkwitz-Riley re-
sponse. This response is a Butterworth
squared response. Therefore, the damp-
ing ratio is 1. The lower crossover point
is 319 Hz. and the upper is 5300 Hz,
the same as in the passive implementa-
tion. The component calculations are
given in Appendix II. The final sche-
matic is Figure 8.88. Note that the
inversion required for the midrange is
not provided for in the crossover, and
must be accomplished in the system
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wiring. The measured frequency re-
sponse of the active network is given in
Figure 8.89.

It is advisable to insert a coupling
capacitor between the power amplifier
and the tweeter to protect it from turn
on transients which can contain signifi-
cant low frequency energy. These
transients can easily turn the tweeter
voice coil into an expensive fuse! The
capacitor should be chosen so thatit
does not affect the transfer equation.
Positioning the corner frequency a
decade or greater below the upper
crossover frequency is more than suffi-
cient. Use a high quality film capacitor.

There are several other functions active
crossovers can accomplish. The main
one is to introduce time delays into the
signal path. This allows the speakers to
appear to have their acoustic centers
aligned, even though they are mounted
on a common baffle. This has an effect
on the imaging characteristics of the
system. The time delay can be imple-
mented with allpass filters, which give
a constant time delay (phase shift) and
a flat amplitude response.

Subjective evaluations indicate active
crossover networks sound better than
their passive equivalents. Although
they offer the ultimate in audio perfor-
mance, the cost effectiveness of the
active crossover must be determined by
the designer.
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CRr0SSOVER NETWORK: APPENDIX 1

PASSIVE CROSSOVER CALCULATIONS

The following design equations are from Robert Bullock’s Passive Crossover Net-
works Part II. The equations were entered into a spreadsheet to facilitate manipula-
tion. The crossover frequencies were manipulated so that inductor values fell as
close as possible to standard values.

DRIVER PART NO. IMPEDANCE SENSITIVITY
WOOFER MADISOUND 1252DVC 3.20 90
MIDRANGE AUDAX HD12P25FSM 6.5Q 93.6
TWEETER AUDAX HD100D25 70 91.5
LOW CROSSOVER FREQ: 319 Hz (FL) W1 = 2*PI*FL
HIGH CROSSOVER FREQ:5300 Hz FH) W3 = 2*PI*FH

FM = SQRT(FL*FH)

w2 = 2*PI*FM
FREQUENCY SPREAD 16.61442 (S = FH/FL)
SQUARE ROOT OF S 4076079 @® = SQRT S)

The sensitivities of the drivers are rarely the same. This means that if we provide
the same signal level to the drivers, their acoustic outputs would differ. The fact that
we are using an unequal number of multiple drivers also affects the sensitivity. The
excess gain calculation allows the level equalization. From this we get a pad resis-
tor. The sum of the pad resistor and the equalized driver impedance is the load
resistance for the design equations:

EXCESS GAIN CALCULATIONS:
MINIMUM SENSITIVITY 90 (WOOFER)
TOTAL SENSITIVITY: WOOFER = 90
MIDRANGE = 98.37121
TWEETER = 94.5103
EXCESS GAIN: MIDRANGE = 8.371 dB (2:622)
TWEETER = 4.510dB (1.681)
PAD RESISTORS: MIDRANGE = 3.5Q EBM)
TWEETER = 2.38Q RTD)
DESIGN IMPEDANCE: WOOFER = 3.2Q
MIDRANGE = 5.68Q2
TWEETER = 5.88Q
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CROSSOVER CALCULATIONS:
FILTER SHAPE a = 2(S-1)/(S2-28)
= 2.004114
GAIN PARAMETER H = S+a2-4+(3/S)
= 16.81146
BP SHAPE A A = a*(R+1/R)
' = 8.414262
BP SHAPE B B = S+A2+(1/S)
= 20.69108
ACTUAL VALUE
Cll = 1/a/RL/W1 = 77.79596uF 31pF+40pF+4.7uF
Liz = a/RL/W1 = 3.1996mH 3.2mH
L31 =  a*RE/W3 = 0.354mH 0.35mH n
cs2 = 1/a/RH/W3 = 2.547uF 2.5uF
K = B-1 = 19.69108
E = AQ-1/K) = 7.986948
RA = RME/H-1) = 0.972933Q
RO = RA+RM = 4.4860 4.5Q
c21 = 1/A/RO/W2 = 2.186uF 2.2uF
L22 = A*RO/W2/K = 0.3479mH 0.35mH
L23 = E*RO/W2 = 0.354038mH 0.35mH
C24 = K/E/RO/W2 = 45.3585F 45uF

The design equations for the compensation network appear in Figures 8.76 and
8.717.

COMPENSATION COMPONENTS:
» CALCULATED ACTUAL

MIDRANGE: RC = 2.2080Q 2.2Q
. CC = 23.24uF 15uF+8uF

RR = 2.39Q 2.4Q

LR = 1.232mH 1.25mH

CR = 466.4pF 280uF+140uF+47uF
WOOFER: RC = 3.56Q2 3.3Q

cC = 66.97uF 50uF+15uF+1uF
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SPEAKER CROSSOVERS: APPENDIX 11

ACTIVE CROSSOVER DESIGN

We will design the active crossover to have the same crossover frequencies as the
passive crossover, namely 319 Hz. and 5300 Hz. We will also define the crossover as
having the Linkwitz-Riely response which is a Butterworth squared response.
Therefore the a of the 2nd order section is 2. All sections are unity gain Sallen-Key
as shown in Figure 8.86. '

VOLTAGE CONTROLLED (LOWPASS)
VOLTAGE SOURCE (SALLEN-KEY)

IN ouT
O q H 0
R1 c1
R2 K= 21rF°C1
H=A
1 o]
Fo =
27t\|R1~R2-C1.C2 Cc2 > 0
g m=-0"4 (H-1)
4

o =2\ %-(H-ﬂ €2 =mcCt
R3

2
Ri= —_.
R3 R4
- oK
H= gy +1
o
R2 = 2mK
R3=(H-1)R4

Figure 8.86
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LOWPASS DESIGN

SECTION 1, 319 Hz:

Choose C1 = 0.1uF
k = 2*PI*F0*C1
= 200.4 x 10-6
m = a2/4 + (H-1)
= 1
C2 = m*C1
= 0.1 uF
R1 = 2/(0*k)
= 4.989kO use 4.99kQ
R2 = o/(2¥m¥*k)

4.980kQ  use 4.99k0) n

Since we cannot get the exact value required for the resistors and we don’t particu-
larly care what the exact crossover frequency is, we will calculate the exact fre-
quency and use it for subsequent calculations.

Fi = 1/[2*PI*SQRTR1*R2*C1*C2)]
= 319 Hz
SECTION 2, 5300 Hz:
Choose C1 = 1000 pF
k = 33.30 x 10-6
m = 1
C2 = 1000 pF
R1 = 30.03kQ2 use 30.1kQ
R2 = 30.03kQ2 use 30.1kO

Again, we calculate the actual frequency value.

F2 = 5287 Hz.
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HIGHPASS SECTIONS

HIGHPASS SECTION (SALLEN-KEY)

IN " ouT
[o! 11 VWA —0
C1 R1
C2== K= 2zF,C1
1 ) C2=C1=C
FO = —_—
2.¢c\ R1-R2 Rzi o +\ o 8(H-1)
4k
R1 R2
a =2y g *0-AY 7 il R < 4
2
He 22 .1 R4 K[a +\loc + 8(H-1)
R3=(H-1)R4
Figure 8.87
SECTION 3, 319 Hz:
Choose C = 0.1pF
k = 200 x 106
m = 1
Rl = (1/4k)*[o+SQRT(02+8(H-1)]
= (1/4k)*[a+SQRT(0:2)]
= o/2k
= 4.989kQ use 4.99kQ
R2 = (4/k)/[a+SQRT(a2+8(H-1))]
= 2/ak
= 4.989kQ use 4.99kQ
SECTION 4, 5270 Hz:
Choose C = 1000pF
k = 33.11 x 10-6
m = 0.25
Rl = 15.1kQ use 15kQ
R2 = 60.4kQ
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ACTIVE CROSSOVER NETWORK

11
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W I
4.99kQ 0.1pF
AD847 WOOFER
4990 10 * OUTPUT
> -0
0.1uF -
;]; oP-275
.
i 3690
0.1pF _L :
0.1pF
4.99kQ
oP-275
1000pF MIDRANGE
| oy OUTiLZ\DT
30.1kQ
1000pF
P AD847 AD847
10kQ v
TWEETER
30.1kQ OUTPUT
OP-275 —0
Figure 8.88

ACTIVE CROSSOVER FREQUENCY RESPONSE

AUDIO PRECISION HZ1 AMPL(ABY) vs FREQ(Hz) 16 JUL 93 17:25:36
5,8808
Ap
8.8 i
\ //,, \\\ ///
-5.868 A &
-18.98
-15.68 \
-28.08 /
-25.08
28 198 1k 18k 28k
Figure 8.89
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DiciTAL AUuDIOo APPLICATIONS

Walt Kester

Activities related to studio recording are
complex and varied. Generally, many
channels are used, with each dedicated
to one or more signal sources (instru-
ments/voices). All channels need not be
recorded at the same time. Each chan-
nel is subjected to extensive processing
such as gain control, filtering, non-
linear compression or expansion, rever-
beration, spectral equalization, and
other special-effects enhancements. The
channels are then mixed together to
obtain a final arrangement with the
desired overall effect.

Traditionally, channel processing and
mixing were implemented entirely in
the analog domain—with numerous

disadvantages. Each channel’s informa-
tion—stored as an analog signal on
magnetic tape—degrades as the cut-
ting, splicing, and re-recording process
progresses, undermining the benefits of
the processing. The limited performance
range available with analog processing
sets a ceiling on the signal enhance-
ment that can be obtained. Also, analog
circuitry can only handle one channel at
a time; multi-channel mixers are expen-
sive and difficult to control. Finally, if
analog processing hardware is used,
overall mixing flexibility can be
achieved only through hardware modifi-
cations. In practice, this means that the
mixing process loses its ability to cre-
atively explore special effects.

DIGITAL AUDIO STUDIO TECHNIQUES

B Digital Recording: 16, 18 or 20 Bits for ADC

Digital Mixing

Gain Control

Reverberation and Special Effects

Equalization using Digital Filters

Figure 8.90
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Increasingly, audio processing is relying
on digital techniques to improve audio
quality. The first step in this transition
was digital recording, which became
prevalent in the early 1980s. Audio
signals are converted to digital form
before being stored on magnetic tape.
Digital recording eliminates several
sources of degradation that affect
analog recordings, including the effects
of non-linearities and additive noise in
the magnetic materials used for record-
ing, and wow and flutter in the tape
playback mechanism.

In studio mixing applications, however,
digital recording does not eliminate all
complications. In the mixing and en-
hancement process, information is
passed from one tape to another—

requiring both ADCs and DACs, a
source of noise. These conversions are
no longer necessary if all processing and
mixing are handled with DSP tech-
niques.

In the DSP-based studio recording
system shown in Figure 8.91, signals
are digitized as early as possible, usu-
ally to 16, 18, or 20-bit resolution. After
conversion, the audio processing is
handled digitally with high performance
DSP processors. Gain factors are
handled with digital multiplication.
Filtering and equalization can be
handled with linear-phase FIR filters.
Dynamic-range control is easily in-
cluded in the system by using a multi-
plier for non-linear compression/expan-
sion computations.

DIGITAL AUDIO STUDIO SYSTEM

MICROPHONES,
AMPLIFIERS, AND

ADCs
plaITaL DIGITAL
OUTPUTS
SIGNAL °°N;g°;
PROCESSOR CONSOL
ANALOG DAC
OUTRUT <

DIRECT DIGITAL
AUDIO INPUTS

Figure 8.91
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The traditional mixing process is also
easily implemented with DSP. Digital
channels to be mixed are simply added
together. Delays can be introduced
easily into channels, allowing phase
delays to be equalized. Channel inter-
connections—which must be hardwired
in an analog processor—can be
reconfigured easily in a DSP system.

In addition to improving on traditional
systems, a DSP studio recording system
opens up numerous new options. Un-
usual special effects are readily in-
cluded in the system. Reverberation
effects can be modeled, simulated, and
integrated into the final recording.
Digital reverberation can give concert
hall or cathedral ambience to what
might have been recorded in a dry
studio. An FFT routine’s spectral analy-
sis of the signal can form the basis for
adaptive digital filters that provide
optimal equalization.

AUDIO APPLICATIONS

With the advent of compact disc (CD)
and digital audio tape (DAT) players,
there is no requirement for digital-to-
analog conversion anywhere in the
studio recording process, except for
monitoring. The final digital recording
can be transferred directly to the CD or
DAT in digital form with no loss in
fidelity.

Although 18 and 20-bit ADCs may be
used in the recording process, the
standard for CD and DAT has been set
at 16 bits. Additional bits may be used
in the DSP studio processing to allow
for roundoff errors, overflows, ete., but
the final recording is truncated to 16
bits per sample on the CD or DAT. The
sampling-rate standard for CD record-
ings is 44.1kSPS, and 48kSPS for DAT.

DIGITAL AUDIO RECORDING STANDARDS

B 16-20 bits ADC Resolution, Truncated to 16 bits for Compact

Disc

B 44.1kSPS Sampling Rate for CD Players

B 48kSPS Sampling Rate for Digital Audio Tape (DAT) Players

Figure 8.92
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Performance of audio systems is prima- tion plus noise (THD+N), D-Range
.rily measured in terms of three dynamic distortion, and signal-to-noise ratio.
specifications: Total harmonic distor- These are defined in Figure 8.93.

KEY AUDIO PERFORMANCE SPECIFICATIONS

B THD + N: Ratio of the Power of the Values of the Harmonics and Noise
to the Power of the Fundamental Input Frequency Expressed
in % or dB

B D-Range Distortion: Ratio of the Distortion Plus Noise to the
Signal at a Signal Amplitude of -60dB FS. Add 60dB to the Ratio
to Obtain D-Range Distortion Value

B Signal-to-Noise Ratio: Ratio of the Output Power
with No Signal Present to the Output Power at Fullscale

Figure 8.93

T AD1879 18 Bit SicMma-DeLTA AUbnio ADC

The AD1879 is a dual 18 bit sigma- ing function. The oversampling ratio is
delta ADC designed to meet the strin- 64x, which places the oversampling
gent requirements of professional frequency at 3.072MHz for the standard
digital audio. A block diagram of the audio sampling rate of 48kSPS. Be-
device is shown in Figure 8.94, and cause of the high oversampling ratio, a
performance specifications are summa- single-pole analog antialiasing filter is
rized in Figure 8.95. The input sigma- sufficient at the input of the ADC. For
delta modulator is a fifth-order differen- less exacting applications, the AD1878
tial switched capacitor design which is a 16-bit version of the AD1879.

performs the quantization noise shap-
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AD1879 DUAL 18-BIT SIGMA-DELTA AUDIO ADC

Vi (LEFT)
+ O——> 5TH ORDER ACCUMULATOR
A MODULATOR AND
T O ADDERS
RESET b2z
LOGIC
—>
CLOCK 4096 X 22
12-BIT
° COUNTER CORFPICIENT
12
12.288 MHz
FOR fg = 48kSPS
RESET
LOGIC 22
VN(RIGHT)
+O—>  5THORDER ACCUIULATOR
o A MODULATOR ADDERS
Figure 8.94

AD1879 18 BIT SIGMA-DELTA ADC KEY SPECIFICATIONS

MUX
AND
SERIAL
REGISTER

> DATA

WORD
CLOCK

Two 18 Bit Channels for Stereo Digital Audio

Interchannel Crosstalk: -110dB at 1kHz

SNR: 104dB

THD: 100dB

Oversampling Ratio: 64x

Output Word Rate: 55kHz Maximum

Linear Phase Digital Filter

Power: 900mW

28 Pin, 600-mil Plastic Package

Figure 8.95

—————> LEFT/RIGHT
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For audio ADCs such as the AD1879,
the digital lowpass filter cannot be
implemented using standard multiply-
accumulate structures because semicon-
ductor technology is not yet fast
enough. For example, we require a filter
which operates at a sample rate of
3.072MHz (64 x 48kHz), is flat to
20kHz and has a stopband attenuation
of over 115dB starting at 26.2kHz. If we
enter these requirements into a stan-
dard FIR equiripple design program,
the number of coefficients required
turns out to be 4096. At an output

sample rate of 48kHz, we would require
a multiply-accumulate time of 5.1ns.
This is too fast for a standard FIR filter
structure. Therefore we must use either
a parallel processing approach where
more than one multiply-accumulate is
executed at any one time, or a multi-
rate approach where the decimation is
done in more than one step. For the
AD1879, a parallel processing approach
was chosen (Reference 1). The charac-
teristics of this filter are given in Figure
8.96, and the amplitude response in
Figure 8.97.

AD1879 DIGITAL FILTER CHARACTERISTICS

Number of Taps: 4096

Stopband Attenuation: 118dB

Passband Ripple: * 0.0008dB

Cutoff Frequency (48kHz output rate): 21.7kHz

Stopband Frequency (48kHz output rate): 26.2kHz
Number of Parallel Accumulators: 64 27-bit accumulators

Coefficient Wordlength: 22bits

Figure 8.96
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AD1879 DIGITAL FILTER RESPONSE

ai:}

-130 : BRIIEE

10 20 30 40

60 70 80 80 100

FREGUENCY in KHZ

Figure 8.97

The AD1879 switched capacitor input
circuit presents a special set of prob-
lems for the drive amplifier because of
signal-dependent transient input cur-
rents. In order to understand the phe-
nomenon better, Figure 8.98 shows the
basic circuit for a single-ended switched
capacitor integrator. The capacitor is
switched at the oversampling rate, f,
and acts as a resistor having a resis-
tance equal to 1/Cfg. The integrator

time constant is therefore determined
by capacitance ratios which can be
accurately controlled in a CMOS pro-
cess. The switched capacitor is imple-
mented in CMOS using the T-switch
circuit shown in Figure 8.99. Because
the input signal to the switch modu-
lates the FET bias voltages, the charge
injected into the drive amplifier is
signal dependent.
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SINGLE-ENDED SWITCHED CAPACITOR INTEGRATOR

DRIVE

AMP m Cs
I

fs
O.____
We
c @ INTEGRATOR

SIGNAL-DEPENDENT
TRANSIENT LOAD CURRENTS

Figure 8.98

CMOS IMPLEMENTATION OF SWITCHED CAPACITOR

AN

Cp IS SIGNAL DEPENDENT

Figure 8.99
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The sigma-delta modulator in the
AD1879 is fully differential and has the
equivalent input circuit shown in Fig-
ure 8.100 (only one input channel
shown). For optimum common mode
rejection of transient load currents, the
input should be driven differentially.
The differentially connected 0.0047uF
capacitor supplies most of the differen-
tial-mode transient currents, while the
0.01uF capacitors connected to ground
absorb spike currents which are com-

AUDIO APPLICATIONS

mon mode. The 51Q series resistors
isolate the remaining transient current
from the drive amplifiers as well as
isolate the capacitive loads from the op
amp outputs. These resistors must be
small, however, in order to avoid distor-
tion because of the signal-dependent
transients caused by charge injection.
The OP-275 (dual) op amp is recom-
mended as a suitable precision low-
distortion drive amplifier.

DIFFERENTIAL DRIVER (ONE CHANNEL)
FOR AD1879 SIGMA-DELTA AUDIO ADC

AD1879
5.76kQ
0.01uF = ——————— e — — — —
) | fs
A | o —¢
+ 51Q -IN I 03
\ 1 100pF i | L__
)| 0.0047pF — |
A I ——
5.49kQ |
R + [N | O;? g
VW O
+ M AN
510 | 8 2, ‘
0.01uF 7= I
fs= 64x
v = 3.072MHz
OP AMPS: OP-275 (DUAL) FOR 48kSPS OUTPUT RATE
ALL CAPACITORS: NPO-CERAMIC
Figure 8.100
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APPLICATIONS FOR Aubpio DACs IN

Comract Disc (CD) PrLAYER ELECTRONICS

A simplified block diagram of the read
electronics for a typical CD player is
shown in Figure 8.101. The read elec-
tronics takes the data from the CD read
head and performs the necessary data
qualification, error detection and error
correction. Data from the read electron-
ics is in serial format, 16 bits per
sample, at an effective sampling rate of

44.1kHz per channel. Data for the two
channels is usually multiplexed in a
single 1.4112MHz bit stream. In theory,
it is possible to reconstruct the audio
signal using two 16-bit DACs preceded
by a digital demultiplexer and parallel-
to-serial converters operating at an
update rate of 44.1kHz followed by
analog anti-imaging filters.

COMPACT DISC PLAYER READ ELECTRONICS

BUFFER
4.3218Mb/s MEMORY 1.940Mb/s
- DEMULTIPLEXING ERROR 1.4112Mby
R S
DETECTION Fﬁﬁfﬁe DETECTION
AND 2 CHANNELS
DETECTION CORRECTION | g BITS/CHANNEL
44,1KSPS/CHANNEL
READ CLOCK RECOVERY \— STABLE
READ AND CLOCKS ‘\
SYNC DETECTION ,
/
A
CRYSTAL
OSCILLATOR
Figure 8.101

First-generation CD players used this
approach as shown in Figure 8.102. An
alternative is a single 16 bit DAC with
output multiplexing for left and right
channel. But sampling at 44.1kHz
places severe requirements on the
antialiasing filters. The audio band-
width extends from 20Hz to 20,000Hz,
and the filters must exhibit a flat
frequency response over this frequency.
In order to prevent aliasing, the filters
must have at least 40dB to 50dB at-
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tenuation at 22.05kHz which implies a
complicated and costly 9- to 13-pole
analog filter. Higher-order filters typi-
cally have non-linear phase response
which is undesirable in audio applica-
tions. For this reason, the principles of
oversampling and digital filtering are
now in widespread use to simplify the
design of the analog filter as well as
increase the overall signal-to-noise
ratio.
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FIRST-GENERATION CD PLAYER
RECONSTRUCTION ELECTRONICS

44.1kHz SAMPLING CLOCK
705.6kHz
SERIAL CLOCK |
1.4112Mb/s SERIALTO | 16
DATA ] R PARALLEL | / PARALLEL
ONV LATCH
SERIAL DIGITAL CONVERTER
CLOCK DEMUX 705.6kb/s A 16
el LSS
CHANNEL TﬁVlr‘:r‘?G DATA
CLOCK L [~ 3 e
| SWITCHES
| DUPLICATE |
T oF v
| | _RIGHT |
| CHANNEL | 13 POLE
I J| FILTER
LEFT RIGHT
CHANNEL CHANNEL
OUTPUT OUTPUT

Figure 8.102

8X OVERSAMPLED 18-BIT CD PLAYER
RECONSTRUCTION ELECTRONICS

352.8kHz(8f;)
16BITS Q SAMPLING CLOCK
44.1kSPS LATCH
705.6kb/s
DATA 18 BITS
— > DIGITAL 352.8kSPS AD1861 gf:JNEL
RIGHT CHANNEL | INTERPOLATOR | g .3504Mb/s SERIAL TO 25POLE | QUTPUT
AND PARALLEL LOWPASS |—>

CLOCK LOWPASS FILTER ICONVERTER AND FILTER
—> (DSP) 18-BIT DAC

SERIAL CLOCK T

6.3504MHz

Figure 8.103

8-135



SysTEM APPLICATIONS GUIDE

Second-generation CD players typically
used oversampling ratios of 2x
(88.2kSPS) or 4x(176.4kSPS) in con-
junction with linear phase FIR digital
interpolation filter chips. Third-genera-
tion players are using 8x oversampling
(352.8kSPS) as shown in Figure 8.103,
and the trend for future players will
probably be 16x (705.6kSPS) or higher.

In addition to easing the requirements
on the anti-imaging filter, oversampling
followed by digital filtering spreads the
quantization noise over a wider band-
width, giving an improvement in SNR
of 10 logy o(K), where K is the
oversampling ratio. This implies that
for an oversampling ratio of 8x, there is

a theoretical 9dB (or 1.5bits) improve-
ment in SNR. It is possible to carry the
arithmetic in the digital interpolation
filter out to 18 bits, drive an 18-bit
audio DAC with the result, and realize
this improvement in practical CD
players. If 16x oversampling were used,
the theoretical improvement in SNR
would be 12dB, or 2 bits (Figure 8.104).
A block diagram of a the complete
reconstruction channel of an 8x
oversampled 18 bit CD player is shown
in Figure 8.105. The design is based on
the dual 18 bit AD1865 DAC. Because
of the 8x oversampling ratio, the output
filter is a simple 3-pole filter (Figure
8.106).

EFFECTS OF OVERSAMPLING AND
DIGITAL FILTERING ON CD PLAYER DESIGN

Oversampling | Theoretical | Useful Bits Number of

Ratio K Increase in of DAC Poles Required
SNR Resolution | in Analog Filter

1 0dB 16 10

2 3dB 16 5

4 6dB 16/18 4

8 9dB 16/18/20 3

16 12dB 16/18/20 2

Figure 8.104
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8X OVERSAMPLED CD PLAYER RECONSTRUCTION
ELECTRONICS USING AD1865 DUAL 18-BIT AUDIO DAC

~5V ANALOG SUPPLY +5V ANALOG SUPPLY
SM5813AP/ AD1865 |

Gl aet [ o b1 B T
[z] 127] Z|mm  TRM 2]

—
3 BCKO [26}- a|mss  mss |22 LEFT
Gl = ¢ [s] =l c2 CHANNEL
(4] weko {25} H dltor lour 121 ouTPUT
5] DOL |24 ;{5 AGND AGND 20}? AIGHT
[e] DOR [23}— 6|8y s4 (1o 1 ws[EH CHANNEL

= = = OUTPUT
E Voo |22f 17|Re Rr [18 2 7 -

—E V851 VSs2 ET L‘E Vour Vour {17 6 ﬁE l@{ 5
5] iR =

9 bG |20 5] Ne [18 A 5 T
[19] [19] L 16| oA ou [i5
[l [18] [11jLr LL [1a
[i2] owis 17} fizlcik  panp [13h
E Oow20 1_61
& &

+5V DIGITAL SUPPLY

Figure 8.105

3-POLE ANTIALIASING FILTER
FOR 18-BIT, 8X OVERSAMPLING

1 POLE
0.00884F
|
1 2 POLES
__________________ l
p 1.58kQ
3kQ "
'out L_ —L1000pF
80622 T RIGHT CHANNEL

!

|

|

DAC —+ A A OUTPUT
1.58kQ - o
+ I[ —L 0.0082xF >

| .

| T

!

|

Figure 8.106
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An additional reason for using DACs
with greater than 16-bit resolution is
that the process of digital interpolation
and filtering adds truncation noise
when the digital filter rounds off the
interpolated values. This noise is re-
duced by using 18- and even 20-bit
DACs to preserve accuracy in the
interpolated values. A block diagram of
a 20-bit, 8x oversampling CD filter and

DAC configuration is shown in Figure
8.107. Because of the 8x oversampling
ratio, a 5-pole lowpass filter is sufficient
to maintain the required performance.
Typical THD + N performance for the
system (including the output filter) is
shown in Figure 8.108. A variety of CD
digital interpolation filter chips are
currently available from manufacturers
such as Yamaha, NPC, and Sony.

HIGH PERFORMANCE 20-BIT 8X OVERSAMPLING
CD RECONSTRUCTION ELECTRONICS

1
0 ~ 12V ANALOG
1 E}- SUPPLY
B Aptss2 14l 10w
g IS NG
==
13 12 * Lowpass|_ ot
Iry FILTER
—1s] - ouTPUT
7 5 3
-5V DIGITAL [ 3
SUPPLY L2
~12V ANALOG
SUPPLY 1uF
11+
it
5V DIGITAL NS ]
SUPPLY ‘—E — 12y Anaroa
16.934aMHz —{7] 5}
r‘D,_] g AD1862 E 10uF
SONY XTAI CKO XT_XTO DOL {4] ]
OXB125 | pek cl BCKO vy
bired SMs813 i 12 * Lowpass|_ (JGHT
DATA DIN ry - FILTER
[e] 11 OUTPUT
c210 BCKI DOR ﬁz 10 é
PSSL_SLOB OWz0_CKov = 3_1

Figure 8.107
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THD + N PERFORMANCE OF 20-BIT, 8X OVERSAMPLING
CD ELECTRONICS USING THE AD1862 AUDIO DAC

—60dB

THD+N-dB

—20dB

/

u 0dB

1

10 20

FREQUENCY - kHz

Figure 8.108

There are a number of audio DACs
currently available on the market
ranging from 16 to 20-bit resolution.
Newer devices are capable of sampling
rates up to 768kSPS, allowing 16x
oversampling. Unlike traditional DACs,
audio DACs are specified in terms of ac
parameters such as THD + N, SNR, and
D-Range Distortion because traditional
de specifications are not critical for
audio applications. Audio DACs accept

serial inputs and have internal serial-
to-parallel converters followed by a
parallel latch. Two clock inputs are
therefore required to operate an audio
DAC. A serial clock is needed to strobe
the serial data into the serial-to-parallel
converter, and a latch-enable clock is
required to strobe the parallel latch. A
simplified block diagram of a typical
digital audio DAC is shown in Figure
8.109. :
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TYPICAL CD AUDIO DAC
(SINGLE CHANNEL, 18 BITS, 8X OVERSAMPLING)

LATCH ENABLE

CLOCK 352.8kHz (8X)
e,
3kQ
18-BITS

SERIAL

DATA INPUT SERIAL TO Tout %
/ | PARALLEL |, ouT

o———>  PARALLEL 7 LATCH [T DAC

18-BITS CONVERTER £1mA +3V
6.3504Mb/s N
SERIAL
CLOCK

O

6.3504MHz
Figure 8.109

DAC ARCHITECTURES

CMOS DAC:s for audio applications are
often based on the current-mode steer-
ing circuit shown in Figure 8.110. An
external reference is applied to the V,f
pin, and the R-2R ladder divides the
input current I into binary-weighted
currents as shown. The output drives
the virtual ground of an inverting op
amp. The finite “on” resistance of the
FET switches is compensated for by
placing an equivalent compensating
FET in series with the feedback resistor
R.

For high-performance DACs in the
voiceband and audio range, BIMOS
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processes (bipolar and CMOS devices on
the same process) offer the advantages
of low-power CMOS for the digital
circuits (such as parallel-to-serial
converters and latches) along with the
low-glitch fast-switching performance of
bipolar transistors. A typical current
switch cell for such a DAC (the AD1861
18-bit audio DAC) is shown in Figure
8.111. The outputs of CMOS latches are
level shifted by the two FETs and
converted into a low-level £0.8V differ-
ential drive for the NPN differential
pair.
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CURRENT-STEERING CMOS DAC

VREF - o o 2R
Mg V—s ww——g
2R 2R
I8 /16 R
AW
MSB
swiTcH] T 0 ? 7 -
+ ——o Yout

Figure 8.110

BiMOS CURRENT SWITCH

+V

ﬁb} 50uA
Q | Q

O— v _I——O
0TO +5V IOUT I ouT +5V TO 0

+ 0.4V > F0.4V

8kQ g kO

BIAS 1 l125#A
10K2
' v

Figure 8.111

BIAS 20>
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GLiTcH REDUCTION BY SEGMENTATION

If real estate, cost, power, and capaci-
tance were of no consideration, the ideal
“glitchless” DAC would consist of 2N — 1
equally weighted current switches
preceded by latches and decoding logic
as shown in Figure 8.112. The glitch
produced by switching between levels is

code-independent and, therefore, does
not generate harmonics of the sinewave
being reconstructed. A set of latches is
required after the binary decoding logic
in order to equalize the delays to the
actual switches themselves.

IDEAL DAC FOR MINIMUM SIGNAL-DEPENDENT GLITCH

NTO N N, N
N oN T A A OUTPUT
=77 DbecopE / LATCHES / gxﬁiﬁg g
LOGIC
CLOCK
(e,
Figure 8.112

The scheme shown in Figure 8.112 is
obviously not practical for high resolu-
tion DACs, but a significant amount of
glitch reduction can be achieved by
applying the concept to the first few
MSBs. A block diagram of the segmen-
tation technique used in the AD1861 18
bit audio DAC is shown in Figure 8.113.
The AD1861 uses a combination of
segmentation and R-2R division to
achieve excellent linearity and low
distortion. The four MSBs are decoded
into a 15 bit “thermometer” code after
the serial-to-parallel conversion. The 15
decoded lines (representing the 4 MSBs)
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and the 14 LSB lines are then fed to a
29 bit latch. The 15 thermometer
decoded lines each drive current
switches having equal weights. The 14
LSB lines drive a conventional binary-
weighted R-2R DAC. This combination
of segmentation and conventional R-2R
architecture along with laser trimmed
thin film resistors allows the AD1861 to
meet stringent audio specifications
without the need for an external SHA
deglitcher. A summary of key perfor-
mance specifications for the AD1861 is
given in Figure 8.114.
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SEGMENTATION IN THE AD1861 18-BIT AUDIO DAC

a 15 15 15
DATA SERIAL MSB | L5 EQUAL
° : INPUT DECODE| / 77| swiTcHES
REGISTER 29-BIT
LATCH
CLOCK . 14-BIT
CONTROL
“ 1w | R-2R
© LOGIC ’ 7 DAC
7
LATCH
ENABLE
o1
lout
OUTPUT
Figure 8.113

AD1861 18-BIT AUDIO DAC KEY SPECIFICATIONS
B 108dB SNR
"H 0.002% THD + N @ 0dB Signal Amplitude
Up to 16x Oversampling Capability (768kSPS)
+3V or +1mA Output Capability

110mW Power Dissipation

16 Pin DIP Package

Figure 8.114
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Avupio DAC GurircH RepucTtioN Using DicgitaL OFFSET

Regardless of the architecture used to
design a high performance DAC, the
most troublesome code-dependent glitch
typically occurs at the midscale code
transition, i.e. from 0111...1 to 1000...0.
In an audio system which operates with
bipolar signals, the midscale glitch
noise is particularly troublesome, since
it can introduce distortion for very low-

level passages. If a small digital offset is
added to the DAC input, then the DAC
midscale glitch noise will only occur at
slightly higher input signals where it is
less objectionable. Unfortunately, one
end of the DACs range will be clipped
by an amount equal to the injected
digital offset (Figure 8.115).

DAC WITH 1/16 FULLSCALE DIGITAL OFFSET

CARRY
BIT 1 ‘LDa
O
BIT 2
o A L f) D> [ cumnenr
SWITCHES | CURRENT
BIT 3 a OUTPUT
o—> D_> 0
BIT 4 D_>
BIT 5
o 0 -
®
: :
BITN o L
o I)9
INPUT OUTPUT
0000...0 0001...0
Z 8/16 FS
o 7/16 FS
1110 1 1111 1
Figure 8.115

The AD1862 20 bit digital audio DAC
uses a combination of segmentation and
digital offset to achieve a high level of
performance. The novel architecture
prevents clipping and allows the full
range of the 20 bit DAC to be utilized. A
block diagram of the AD1862 is shown
in Figure 8.116. The digital offset is
accomplished by adding 0001 (1/16th
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fullscale) to the four MSBs. The three
MSBs are then segmented into a 7 bit
thermometer code output which is
latched and then drives seven equal
current switches. Bit 4 (after the addi-
tion), and bits 5 through 20 are latched
and then drive a conventional R-2R
DAC. In order to prevent clipping at the
positive end of the range, the carry
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output of the adder drives an additional offset. This architecture results in
current switch having a weight corre- exceptional THD + N performance as
sponding to bit 4. Finally, an offset shown in Figure 8.117. Key specifica-
current equal to 1/16th fullscale is tions for the AD1862 are summarized in
subtracted from the DAC output to Figure 8.118.

compensate for the constant digital

AD1862 20-BIT AUDIO DAC USES
DIGITAL OFFSET AND SEGMENTATION

FROM SERIAL CARRY 12

INPUT
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Figure 8.116
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THD + N VERSUS INPUT FREQUENCY
FOR AD1862 20-BIT AUDIO DAC

—60dB

THD+N-dB

-70

—20dB

L 0dB

1 10 20
FREQUENCY —kHz

Figure 8.117

AD1862 20-BIT AUDIO DAC KEY SPECIFICATIONS
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119dB SNR

0.0012% THD + N @ 0dB Signal Amplitude
16% Oversampling Capability (705.6kSPS)
11dB Gain Linearity @ -90dB Amplitude
*1mA Output Current

288mW Power Dissipation

16 Pin DIP Package

Figure 8.118
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STEREO CODECS FOR MULTIMEDIA AND BUSINESS AUDIO APPLICATIONS

David Fair

The AD1848 and AD1849 16-bit
SoundPort® Stereo Codecs (coder/
decoder) bring “audio system on a chip”
integration to computer applications for
multimedia sound and business audio.
Operating from a single +5V supply,
they allow sophisticated digital audio
functions to be incorporated on PC or
workstation motherboards or add-in
boards easily and at low cost.

Both codecs include a stereo sigma-
delta ADC and DAC, with their 1-bit,
high-sampling-rate analog interface.
They achieve a dynamic range of 80dB
with total harmonic distortion plus
noise of —74dB over the 0-to-20kHz
audio band. They are fabricated in a
digital CMOS process enhanced with a
second layer of polysilicon to facilitate
high-performance capacitor formation.

These codecs offer far more than just
two pairs of integrated converters. On-
chip oscillators provide for software
selection of all the key multimedia
sample rates from 5,500 samples/second
to 48kSPS, via software selection of one
of two external crystals and the appro-
priate division ratio; an external clock
may also be supplied. Signal filters are
provided on-chip to simplify design and
reduce expense and space requirements.
The sigma-delta a/d converters incorpo-
rate their own digital decimation filters

with maximum 0.1-dB passband
ripple. The d/a converters are preceded
by an integral interpolation filter in the
digital domain and followed by
switched-capacitor and continuous-time
analog filters to remove Nyquist im-
ages. No external references are re-
quired; they are included on the
SoundPort codec chips.

In addition, both devices allow indepen-
dent control of left- and right-channel
input gain in 1.5dB steps, from 0 to
+22.5dB. Microphone inputs have
access to an additional +20dB gain
block. Left- and right-channel outputs
can be attenuated from 0 dB to
—94.5dB, in 1.5dB steps, or muted (shut
off) entirely. Both codecs support mixing
of the a/d converter’s output with the
d/a converter's input for audio overlay
(“karaoke” operation) under software
control. The devices support pulse-code-
modulated PCM) 16-bit linear, 8-bit
companded p-law, and 8-bit companded
A-law data formats.

The AD1848 and AD1849 SoundPort
codecs are basically similar; they differ
principally in their digital interface.
The AD1848 (Figure 8.119) has-a byte-
wide parallel data/control port that
supports a buffered direct connection to
the Industry Standard Architecture
(ISA) or “PC-AT” bus. This AD1848 was
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specified in a joint agreement between simplest implementation of digital
Analog Devices, Inc., Compaq Com- audio capabilities in an ISA-bus system.
puter Corp., and Microsoft. Its objective Key specifications for the AD1848 and
was to provide the lowest cost and AD1849 are shown in Figure 8.120.

AD1848 PARALLEL-PORT
16-BIT SoundPort® STEREO CODEC
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Figure 8.119
AD1848/AD1849 AUDIO CODEC KEY FEATURES
Single-Chip Integrated Sigma-Delta "Audio System-on-a-Chip"

Dynamic Range of 80dB, THD + N of -74dB

5.5kHz to 48kHz Sampling Rates

On-chip Signal Filters:

¢ Digital decimation and interpolation
¢ Analog output lowpass anti-imaging

Programmable Gain and Attenuation
16-bit PCM linear or p-law / A-law companded data

On-chip voltage reference and oscillators

Operation from single +5V supply
Figure 8.120
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Compagq uses the AD1848 in the newly
announced DESKPRO® computers, and
Microsoft uses it in their Windows
Sound System® board. Since the preci-
sion AD1848 audio system cannot be
expected to drive the capacitance of the

AUDIO APPLICATIONS

ISA bus directly, the interface uses an
external ’245-type digital bus trans-
ceiver for current buffering—but under
control of the AD1848; it provides the
Enable and Direction signals for the
transceiver (Figure 8.121).

INTERFACING THE AD1848
CODEC TO THE ISA COMPUTER BUS

D ADDRESS
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DATAT7:0

ISA BUS

DRQ<X>
DRQ<Y>
DAK<X>
DAK<Y>
IRQ<Z>

Figure 8.121

In contrast, the AD1849 (Figure 8.122)
uses a serial interface for data and
control information. This SoundPort
was developed to meet the needs of Sun
Microsystems Corporation’s
SPARCstation 10 series of UNIX work-
stations. Sun’s original requirement for
the serial interface was that it connect
with the ISDN bus employed in these

new SPARCstations using minimal
translation logic. Fortunately, the serial
interface is general enough to allow
direct or very simple connection to the
serial ports of digital signal processors,
including popular members of the
ADSP-2100 family—as well as DSPs
from other vendors as shown in Figure

8.123.
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AD1849 SERIAL-PORT
16-BIT SoundPort® STEREO CODEC
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Figure 8.122
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Figure 8.123

AD1849 SERIAL CODEC DSP INTERFACE



The direct connection to DSPs makes it
possible to design very cost-effective
digital audio “signal-computing” solu-
tions (Analog Dialogue 26-2). The DSP
can implement a wide range of compres-
sion/decompression and audio effects
algorithms (such as filtering or equal-
ization) using programs that can be
either ROM-resident or downloaded
from disk into local RAM.

Additional features of—and differences
between—the AD1848 and AD1849
make available solutions for a variety of
user needs. For example, the AD1848
parallel-port codec supports both pro-
grammed I/O (PIO) and direct memory
access (DMA) transfers. In PIO, control
information is transferred using the
Read and Write strobes. Five registers
are directly addressed via the two
address pins of the IC. Two of these,
used for address and data, indirectly
access 16 additional byte-wide control
registers, minimizing the number of
PLCC package pins (68). Either one or
two channels of DMA are supported via
the Request and Acknowledge controls.
A loadable, 16-bit DMA down-counter
generates an external/internal inter-
rupt on underflow.

For multimedia PC (MPC) compatibil-
ity, the AD1848 also has two stereo
pairs of auxiliary line-level analog

AUDIO APPLICATIONS

inputs. Both channels can be indepen-
dently mixed with the stereo DAC
output in the analog domain. As the
block diagram shows, this post-mixed
analog signal is itself available as an
input to the stereo a/d converters. The
AD1848 also supports the MPC
standard’s 8-bit unsigned data format
at input and output.

The AD1849 serial-port codec has its
own share of unique features. It will
accept one of three clock sources: an
external crystal, an external clock, or
the serial port’s bit clock. The serial bus
can support up to four devices via time-
division multiplexing (TDM). It also has
chaining inputs and outputs for sequen-
tial word synchronization when one,
two, or four devices are “daisy-chained”
on a single serial bus. Though more
limited than the AD1848 with respect
to analog inputs, the AD1849 offers an
additional line-level stereo output
driven from the stereo d/a converters,
and an additional output for a mono-
phonic speaker. The AD1849 is pack-
aged in a 48-lead PLCC.

These two SoundPort codecs provide
complete solutions for computer digital-
audio applications requiring either
parallel or serial interfacing. Though
differing in detail, their capabilities are
comparable overall.
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SieNAL CoMPUTING AUDIO CHIPSETS AND ALGORITHMS

Signal Computing is a technology
framework and business model which
recognizes that DSP-based signal-
processing applications can benefit
substantially by combining sets of high-
performance processor- and interface
chips with powerful, sophisticated
algorithms from independent third
parties (Independent Algorithm
Vendors, or IAVs). Employing open
designs and architectures, signal com-
puting is characterized by well-defined
levels of standardization that carefully
define the hardware and software roles
and the layers that make them up. This
allows companies—both chip- and
software vendors and OEM and system
designers—to participate at the level
where each brings maximum “value-
added” expertise to the application. The
chip supplier furnishes standard high-
performance, low-cost ICs; the market-
oriented algorithm developer provides
the standard configurable software that
produces the desired electronic perfor-

mance from the chips; and the OEM
designer integrates them into a system
specialized to meet the performance
needed within his market niche. This
environment avoids saddling the de-
signer with the job of recreating all
aspects of the overall design.

Low-cost digital signal processing is an
“enabling” function, allowing broad
expansion of real-time signal processing,
through the combination of software
and hardware defined as “signal com-
puting.” Signal computing is character-
ized by the synchronized execution of
algorithms on real-time data streams. It
1s quite distinct from the use of DSP, or
any processor, in conventional numeri-
cal acceleration, where computations
and graphics are simply speeded up—
but still occur off-line: images are
redrawn “more quickly” on the graphics
workstation screen, but even though
waiting time is reduced, it is still pal-
pable.

PrrsoNaL SounDd SysTeEMS Using THE AD20msr614 Aupio CHIPSET

The AD20msp614 Audio Chipset is the
enabling chipset for Personal Sound
System products. the AD20msp614
includes an ADSP-2115KP, AD1848KP,
and ESC614. The ESC614 is a gate
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array designed by Echo Speech Corpo-
ration which provides a PC to DSP
interface. The personal sound system
architecture is illustrated in Figure
8.125.
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SIGNAL COMPUTING: A TECHNOLOGY AND BUSINESS
MODEL FOR REALTIME SIGNAL PROCESSING SOLUTIONS

B Hardware Chipsets:
Analog I/0O (Codecs), DSP Processors, ASIC Interface Chips

B Software Algorithms: Independent Algorithm Vendors (IAVs)

B Manufacturing Design Kits n

B Typical Applications:

Modems, Speech Processing, Music Processing, Digital Mobile
Radio, Image Processing, Multimedia

Figure 8.124

PERSONAL SOUND SYSTEM ARCHITECTURE
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512k x 8 ' ] AD1848 ~
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MIDI PORT
CD INTERFACE
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Figure 8.125
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The ADMK-610 is a manufacturing kit
which allows add-in card OEMs to enter
the sound card market with a Personal
Sound System product. The kit provides
all an OEM needs to manufacture a
Personal Sound System which supports
Sound Blaster and Windows Sound
System applications. The kit includes
manufacturing information such as
schematics, board layout, and parts
lists. DSP algorithm software is in-
cluded which provides Sound Blaster
compatibility. Drivers for WAVE 1/0,
Musical Instrument Digital Interface
(MIDI) MPU-401, and auxiliary func-
tions (mixing, volume, and tone control)
are also included in the kit. To complete
the solution, Voyetra Multimedia
Software, First Byte Monologue text-to-
speech, and AudioFile audio application
software are also included with the kits.
Purchase of separate licenses from the
respective software vendors is required

for all application software included in
the kit. Purchase of the a EuSynth-1
music synthesis license from Analog
Devices (ADLU-EUP02/-Q) is required
for Sound Blaster compatibility.

Future upgrades to the ADMK-610 will
enable Personal Sound System products
to be upgraded to future capabilities
such as EuSynth-2 wavetable music
synthesis and speech and music com-
pression.

The requirement for data compression
represents a typical application for
signal computing. Figure 8.126 shows
the amount of hard disc storage re-
quired for various types of data. Notice
that 72 minutes of digitized CD-quality
audio requires approximately 700MB of
storage. This would be impractical in
multimedia applications without some
type of data compression.

THE NEED FOR DSP DATA COMPRESSION

BE 600 Pages of Text:

20 Fax-Quality Images :

5 Minutes of Digitized Voice :

10 Color or Detailed Images :

1 Minute of 1/4 Screen Animation :

72 Minutes of Digitized CD Audio :

1MB
1.28MB
2.4MB
75MB
147TMB

700MB

BE DSP Compression Algorithms are Available Which Can
Reduce the Above by 6:1

Figure 8.126
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Various data compression algorithms
have been written which can reduce
this storage requirement by a factor of 5
to 6. The Dolby AC-2 Toolkit (ADLU-
EUPO01) is a software toolkit available
from Dolby Labs. It includes software
developed by EuPhonics which imple-
ments the Dolby AC-2 Audio compres-

Aupio APPLICATIONS

sion/decompression algorithms on the
ADSP21XX DSP processor. This algo-
rithm achieves 5.6:1 compression of CD
quality audio. It compresses 2 channels
of 16-bit audio sampled at 44.1kHz.
Both compression and decompression
can be done on the ADSP-21XX in real
time.
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