DYNAMIC BIAS
CONTROLWITH
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istory has many examples of
Hhow a true and deep under-

standing of a physical phe-
nomenon has been found for the first
time through an attempt to solve an
apparently unrelated problem. Then,
when the problem is solved through
this new understanding of its funda-
mentals, the solution seems so obvious
that one wonders why no one thought
of it before. And often, when the solu-
tion is implemented, it leads to im-
provements in areas not thought of
when the problem appeared, or even
when it was solved. All of this applies
to the discovery and implementation of
the HX Professional tape recording
process.

The problem whose solution largely
contributed to the invention of HX Pro-
fessional, while unusual, was not un-
known. A quick, accurate, and cost-
effective method for fine-tuning cas-
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Not all of a tape recorder’s bias comes from the
bias oscillator—some comes from the signal being
recorded. HX Professional lets that work for, not
against, the requirements of good recording.

sette recorders was needed for the as-
sembly line. What was thought to be
just such a method for adjusting bias
and equalization to get flat frequency
response was the use of a multi-tone,
or comb-frequency, signal.

Such a signal consists of several
sine-wave components of different fre-
quency, all at the same level, mixed to
form a composite test signal, as shown
in Fig. 1A. When this signal is recorded
and played back, it shouid be a simple
matter to monitor the output on a spec-
trum analyzer and make adjustments
so that the level of each frequency is
equal, as in the input signal. When the
adjustment is complete, the recorder
would presumably be set up for flat
frequency response.

The only problem with this method is
that it does not work. No matter how
carefully a recorder is adjusted using a
comb-frequency signal, conventional
frequency-response measurements on
the same machine yield a curve some-
thing like the one in Fig. 1B. Tape satu-
ration (the condition when tape is mag-
netized to its uppermost limit so that no
further increase is physically possible)
leads to a similar result. But, since the
same thing happens at low recording

levels, any suggestion of tape satura-
tien as the cause has to be discarded.
This effect is not confined to any par-
ticular recorder or tape formulation, but
may be easily reproduced on any stan-
dard machine, whatever its price, qual-
ity or specifications.

Obviously, the reverse is also true. A
recorder set up to give a flat frequency
response using a standard sine-wave
signal gives a response which locks
like Fig. 1C, if tested with a comb-
frequency signal. Since speech and
music signals are almost never a sin-
gle frequency, but consist of combina-
tions of large numbers of tones, more
like a comb-frequency signal, the fre-
quency response recorded on any nor-
mal recorder with real-life signals also
looks more like Fig 3. The amount of
deviation from flat frequency response
depends on the high-frequency con-
tent of the audio signal and is con-
stantly changing. The error that is pro-
duced may be calied dynamic fre-
quency-response error. This error is
also not confined to any particular kind
of recorder, but may be reproduced on
any standard machine.

To understand what happens, it is
necessary to go back to fundamentals
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Fig. 1—Theoretically, adjusting a tape
deck for flat record/playback
response with a comb-frequency
signal (A) should result in flat
response. In practice, it yielded a
peaked curve (B) due to dynamic
biasing. On a deck set up for Hat
response, comb-frequency response
declines at higher frequencies (C).
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and examine the physical properties of
tape and the recording process itself.

The Physics of Recording

Magnets are known by most people
as pieces of metal that attract anything
made of iron and are attracted to or
repelled by other magnets. But mag-
nets are also useful pieces of hard-
ware, forming the basis for (among
other things) motors and electrical
generators—and for magnetic, or tape,
recording.

If a current is passed through a coil,
a magnetic field (or flux) is created
around the coil, similar to the magnetic
field created by a permanent magnet.
The strength of the field depends on
the amount of current, the number of
turns of wire in the coil, and other fac-
tors. Obviously, the strength of the field
that is generated can be regulated by

controlling the electric current in the

coil. If a suitable magnetic material is
held in the flux, it will become magne-
tized, to a degree that depends on the
strength of the fiux passing through the
magnetic material as well as on the
properties of the material itself.

Conversely, if a magnet is moved
near a coil of wire, a generated current
can be taken from the coil. The amount
of current depends on the strength of
the magnet, its distance from the coil,
the number of turns of wire in the coil,
and so on.

These two fundamental facts are the
basis of all magnetic recording and
reproduction and, in the consumer
field, of recording on and playback
from cassette tape.

Recording is the process of creating
a tape magnetized along its lengthto a
degree which varies exactly as the
sound signal received by the micro-
phone. The microphone converts the
sound it receives into an identical elec-
trical signal, which is amplified and fed
to the recording head in the recorder.
In the recording head, the current
passes through a coil, while the tape,
of a suitable magnetic material, moves
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portional to the signal so that the audio
signal gets recorded.

Similarly, during playback, a tape
with the recorded audio signal passes
by the playback head, generating in
that head's coil an electrical signal
similar to the pattern of magnetization
on the tape. With luck, the voltage from
a playback amplifier connected to the
head will be an exact replica of the
audio signal that was originally record-
ed. When amplified and fed to a loud-
speaker, the reproduced sound will
then be exactly like the original sound
received at the microphone.

Although these are the basic physi-
cal laws of recording, in practice
things are a little more complex. A
modern cassette recorder is, in fact,
quite an intricate piece of machinery,
where each part interacts with all the
others in a very precise manner. The
degree of precision is a measure of the
performance of the recorder, which, in
a high-quality machine, can reproduce
a very convincing copy of the original
audio signal.

Recording on Tape

Recording tape is made of a thin
layer of magnetic material deposited
on a ribbon of plastic film. The magnet-
ic material is not homogeneous, but is
formed from millions of tiny particles,
each of which is a magnet. The proper-
ties of these magnets depend on the
material of which they are made (such
as ferric oxide, chrome dioxide or iron
powder) and are the reason for the
familiar tape-type designations. Their
physical shape and size, together with
their density in the magnetic layer, de-
termine the properties of the recording
tape. It is important to remember that
we are dealing with these tiny mag-
nets, and that the physical laws that
apply to magnets in general also apply
to these magnets.

For the purposes of this article, we
will assume that the playback chain
can be made as perfect as we wish,
and concentrate only on the process of
recording the tape.

The audio signal to be recorded is
constantly changing, and if these
changes are to be accurately recorded
as different levels of magnetization,
then the flux must be concentrated at a

Cc past the coil. The flux generated by the | very small portion of the tape. The coil
coil magnetizes the tape to a level pro- | in the recording head is therefore
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formed around poles, which focus the
recording field at a very thin-line air
gap. The tape transport is made so
that the tape slides past the air gap at
a constant speed. It would thus appear
that, provided we can feed an accu-
rate copy of the audio signal to the
recording head, we should get the re-
quired recording. But again, this is too
simple. To understand why, we must
look a little closer into the physics of
the tiny magnets on the recording
tape.

The strength to which a material is
magnetized is, of course, related to the
strength of the flux to which it is sub-
jected. In turn, the flux generated is
related to the current in the coils
formed around the pole pieces in the
recording head. But in both cases, the
relationship is not linear. In other
words, the strength of the resulting
magnet is not always proportional to
the flux, and the flux is not always pro-
portional to the current in the coil.

The relationship between the residu-
al strength of the magnet and the flux
is shown in Fig. 2. The curve, derived
from a hysteresis loop, shows that, for
an increasing flux, the strength of the
magnet increases at first at an increas-
ingly rapid rate. Once beyond a certain
point, however, the rate of increase
slows, and finally magnetization
reaches a maximum value abové
which no further increase occurs. The

Theoretically,
adjusting bias with
comb frequencies
should yield flat
response. The
only problem is,
it doesn’t work.

used. This is called high-frequency (or
H.F.) bias, irrespective of its actual fre-
quency.

If a very-high-frequency signal is
mixed with the audio signal, the sum
looks like Fig. 3. The audio looks as if it
is riding on the peaks of the high fre-
quency. If the sum is fed to the coils,
then the audio signal will be recorded
at a higher part of the hysteresis curve,
as shown in Fig. 4. If the high-frequen-
cy bias is at the correct level, a low-
distortion recording is possible.

To obtain the best results, different
formulations of tape require different
levels of bias, because the shapes of
the hysteresis curve for the different
tape formulations are not the same.
This is why many recorders permit the
user to adjust bias for the type of tape
being used, or, alternatively, the re-
corder is factory-adjusted for certain
recommended types of tape. Once
set, the bias, supplied by an oscillator,
remains at a fixed level, which may be
called the fixed bias of the recorder.

Bias for the lowest possible distor-
tion is also different for different fre-
quencies. n addition, bias affects oth-
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er parameters, such as sensitivity and
maximum output level (MOL).

Sensitivity is the ratio of the output
signal to input signal, with all other
variables kept constant. If the input is
kept constant and the bias is changed,
it will be seen that the output will vary,
as shown in Fig. 5. Not only that, but
the shape of the curve is different for
different frequencies, as shown.

The same is true of MOL, the maxi-
mum output level that can be repro-
duced from tape. Above this level, the
magnets on the recording tape are sat-
urated, and distortion increases dra-
matically if a recording at a higher level
is attempted. Again, MOL is depen-
dent not only on bias but also on fre-
quency, as shown in Fig. 6.

These factors are now getting com-
plex, especially if we note that mini-
mum distortion and maximum output
do not occur at the same bias level. Of
course, we always wish to record at
the highest level consistent with ac-
ceptable distortion to keep tape noise
or hiss as far below the recorded sig-
nal as possible. Thus, a correct setting
of the fixed bias, while very necessary
for good results, is always a compro-
mise between low distortion and high
recording level, for both high and low
frequencies. For oplimum results, set-
ting fixed bias is best done by an ex-
perienced technician using accurate

magnet is then said to be saturated.
The important fact is that there is only a
small part in the middle of the curve
that is a relatively straight line, and it is
only in this region that magnetization is
proportional to the flux.

If the different magnetization levels
required for a recording can be limited
to the linear part of the hysteresis
curve, an undistorted recording should
result. Audio signals are both positive
and negative, so recording will normal-
ly be made in the nonlinear portion of
the curve near the axis. If a separately
generated signal, called a bias cur-
rent, is added to the audio signal, the
average level of the audio signal may
be raised so that only the straight por-
tion of the curve is used for recording.
In the early days of magnetic record-
ing, a constant d.c. signal was used to
bias the audio, but for the last 50
years, a bias current consisting of a
high-frequency a.c. current has been

Fig. 2—This transfer function shows the relationship between record-head
flux (“H") and remanent magnetic field (“B") when recording without bias.
Note how the curve's shape alters the relationship between signals of

different amplitudes.
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instrumentation, and, in fact, the spec-
tral content of the type of music to be
recorded should also be taken into ac-
count.

The Comb-Frequency Paradox

Now that we know “ali” that there is
to know about the physics of record-
ing, we are now in a position to solve
the paradox of the comb and single
sine-wave frequency responses. We
saw that bias, as used for recording, is
a very high frequency compared to the
audio signal. Thus, if we wish to record
a bandwidth of, say, 20 kHz, it would
be normal to use a bias frequency of

five times that frequency, or 100 kHz.
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Fig. 3—A low-frequency audio signal
riding on a high-frequency bias wave.
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Fig. 4—How bias shifts the audio
signal to the linear portions of the
hysteresis curve, lowering distortion.
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The criterion is that the bias frequency
must be sufficiently high as to allow the
low frequency to ride on the peaks of
the high-frequency signal.

If this is so, then bias at a frequency
of 10 kHz will be fully adequate to bias
an audio bandwidth of 2 kHz, and 1
kHz for 200 Hz, etc. But when the au-
dio signal is a mixture of low and high
frequencies, the low frequencies do
not know whether high frequencies
were put there by the recorder's de-
signer to act as bias, or whether they
are just a part of the audio signal itself.
When a high frequency, whatever its
source, is superimposed on a lower
frequency, the high frequency will tend
to raise the point on the magnetization
curve where the low frequency is re-
corded, just as bias does. Thus, in an
audio signal composed of many fre-
quencies, each frequency acts either
partially or fully as bias for all lower
frequencies.

When the high-frequency part of the
audio signal acts as bias, the bias
seen by the lower frequencies will be
the sum of the original fixed bias to
which the recorder was adjusted plus
the biasing effect of the higher fre-
quencies. Therefore, bias will con-
stantly change with the high-frequency
content of the audio signal, and, for the
low frequency, all parameters related
to bias (such as sensitivity, distortion
and MOL) will change with the high-
frequency content in the same audio
signal.

That this is true is seen from the case
of the comb and sine-wave frequency
responses. If the bias in a recorder is
adjusted to a flat response with a
swept sine wave, then all frequencies
see constant bias while the test is con-
ducted, that is, the fixed bias to which
the recorder is adjusted. When multi-
ple frequencies are present simulta-
neously, each frequency below the
highest will be subjected to altered
bias, which is the fixed bias plus the
biasing effect of all the higher frequen-
cies. As bias changes, the sensitivity
for any frequency will not remain the

same as before. The output at the dif-
ferent frequencies wili therefore
change, and the frequency response,
as seen on an analyzer, will no longer
be flat. In other words, we have dy-
namic frequency-response error.

It may not be out of place to repeat
that this is what happens with all re-
corders that use fixed a.c. bias. This
includes not only cassette tape record-
ers, but also reel-to-reel machines, stu-
dio machines and high-speed duplica-
tors, although the amount of dynamic
frequency-response error will vary
from one type of machine to another
and for different tape formulations. The
amount of error is related to the ratio
between the audio and bias currents
fed to the recording head. The smaller
this ratio, i.e., the closer the magni-
tudes of the audio and bias currents
are to each other, the larger the error
will be.

Active Bias

To sum up the problem, we have
seen that the loss of high frequencies
when recording at high levels is due
less to tape quality than to the fact that
there is an increase in the effective
level of the bias current when high fre-
quencies are a part of the audio signal.
If active bias is too high, then sensitiv-
ity at high frequencies decreases, and
the output at these frequencies drops.
The larger the content of high frequen-
cies, the greater the drop. Once this
fundamental principle governing high-
frequency performance has been es-
tablished, the answer to our problem
becomes almost obvious. This has
been implemented in the recording cir-
cuit, HX Professional.

The total bias seen by the low-fre-
quency component of any audio sig-
nal, as described earlier, is the sum of
the fixed bias and the biasing effect of
the high-frequency part of the same
audio signal. It will be remembered
that it is the immediate value of this
sum which determines the recording
conditions for the audio signal. It will
be useful to use another term for the
sum of the bias and the biasing effect
of the audio current, and we will call
this sum active bias.

Experiments using a high-quality
sound source with high treble content
and a cassette recorder using ferric
tape show that active bias can vary by
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as much as 6 dB at different parts of
the recording. This is equivalent to say-
ing that bias is incorrectly adjusted by
that amount, at least for some part of
the recording. The consequences are
obvious for anyone familiar with the
procedure of adjusting bias. The dis-
appointing result, a loss of treble per-
formance—particularly with the less
expensive tape formulations at high re-
cording levels—is most often attribut-
ed to poor tape quality, tape saturation
or other causes, rather than to a con-
stantly changing bias.

Low frequencies see a uniform level
of high-frequency bias, provided ac-
tive bias is kept constant. This is ac-
complished when bias from the oscilla-
tor is reduced until active bias returns
to the level of the “fixed” bias whenev-
er high frequencies are present in the
audio signal. The term fixed bias, of
course, now loses its original meaning,
as bias from the oscillator no longer
remains fixed. So we define another
term, no-signal bias, which is the bias
level to which the machine is set with
zero signal at the input, and it is equiv-
alent to fixed bias in a conventional
machine. We shall return to this, and
see how no-signal bias can be opti-
mized more effectively with the HX Pro-
fessional circuit.

Keeping active bias constant implies
two operations: First, monitoring the
active bias continuously, and second,
changing oscillator bias as necessary
to keep active bias constant.

The black portion of Fig. 7 shows a
typical recording circuit in a conven-
tional recorder. The signal output from
the recording amplifier is mixed with
the high-frequency bias current, typi-
cally five times the frequency of the
highest audio frequency to be record-
ed. Bias current or, more correctly, no-
signal bias cuirent, is set to the opti-
mum level for the tape in use. The
mixed audio and bias current is then
fed to the recording head.

What is added to implement HX Pro-
fessional is a high-impedance monitor
for active bias. The ideal place to mea-
sure active bias is, of course, at the
point where it acts, at the recording
head. The sum of the audio and bias
currents is first passed through a filter,
and the voltage is monitored to deter-
mine the flux being generated by the
head. At this point some wise men will

When the audio
signal contains
both high and
low frequencies,
the highs act as
added bias for
low frequencies.

shake their heads and say we should
be measuring the current, as it is well
known that the flux generated is pro-
portional to the current, and not to the
voltage.

While this is theoretically true, in
practice such a measurement fails to
take into account losses in the magnet-
ic and electrical circuits of the tape
head. For various reasons, these
losses are not proportional to the cur-
rent, and magnetization of the tape is
therefore also not proportional to the
current. This is a failing of certain sys-
tems designed to improve recordings,
which base the improvement on a
measurement of recording current.

So, in the HX Professional system,
the voltage across the head is moni-
tored and integrated to give a calculat-
ed value of the useful flux generated in
the tape head. Flux is actually propor-
tional to this calculated current, as the
influence of head losses on the voltage
across the head is very small. The cal-
culated value of flux is therefore a very
close approximation of the effective
magnetizing field. Thus, if the charac-
teristics of the filter are suitable for the
purpose (that is, it is designed to re-
flect the level of active bias accurately
and constantly), it can be incorporated
into a feedback loop that will keep ac-
tive bias constant.

The Filter

The characteristics of the filter may
be found by experiment. Since we wish
to minimize any changes in frequency
response caused by the high-frequen-
cy content of the audio signal, we may
be tempted to proceed as follows:

Using a low-frequency input signal
of, say, 200 Hz, bias is adjusted to give
the lowest possible distortion of that
signal. Then, the low-frequency signal
is recorded on tape at a fairly high
level, say, 20 dB below the level at
which the tape is saturated (that is, 20
dB below MOL). lts output level is
measured as a voltage on the oultput
terminals of the recorder. The same
frequency is then recorded at the
same level, but this time with a high-

frequency signal superimposed, let us
say 15 kHz, at a level sufficiently low to
ensure that saturation does not occur.

When this is done, it will be seen that
the output level of the low frequency
falls, because sensitivity has changed
due to the change in active bias. The
amount by which it falls will be seen to
depend on the relation between the
two frequencies, as well as their rela-
tive levels. For this particular case, we
can now reduce the bias current until
the output of the low-frequency signal
returns to the same level as the one it
had before any high frequencies were
superimposed.

-20
30 33342
3xHz

S 10WH2
| 16 AHz
. 2ot
)
a.
-
2
o

«50 —

-60 |- BIAS NOISE

- I3 1 L | L
-6 -4 -2 +] +2 +4 +6

BIAS —dB

Fig. 5—The relationship between tape
sensitivity and bias level varies with
frequency.

MOL 333 M:

a
©
P ’_\
-
>
0.
5
O .l MOL, 1O hH;z
L <
-e0 - BIAS NOISE
L1 1 1 1
-6 4 2 6 2 8 16
BIAS - 4B

Fig. 6—MOL also differs with both
bias level and signal frequency.

AUDIO/AUGUST 1984

39



We have now achieved the condi-
tion, albeit manually, where no change
in frequency response occurs due to
the presence of the high frequency.
The amount by which the oscillator
bias needs to be reduced is then the
biasing effect of the higher frequency
on the lower. This procedure might be
repeated for a number of different fre-
quencies, at various input levels, when
it should then be possible to work out a
mathematical relationship between the
ratio of the frequencies and their rela-
tive levels.

However, using a filter designed to
this relationship does not lead to a flat
frequency response. A slightly altered
procedure is required, which will give
the primary condition of a conventional
flat frequency response and consider-
ably reduced dynamic frequency-re-
sponse error. The procedure to find the
true value of active bias is similar in
principle but uses extrapolated points
on bias-related parameters as refer-
ence, rather than a simple frequency-
response parameter. However, if the
relationship derived from this proce-
dure is fairly constant at various fre-
quency ratios and relative levels, then
a filter for this purpose may be eco-
nomically constructed.

It is found experimentally that the
biasing effect of a sine-wave signal on
a signal very close to it in frequency is

virtually zero. As one of the frequen-
cies increases, its biasing effect on the
lower frequency increases at 6 dB/oc-
tave, provided they are both at the
same level.

It turns out that the filter we require is
one of the simplest among electronic
circuits. In fact, it is so close to being a
simple filter at 6 dB/octave that any
attempt to get a more accurate form, at
least for cassette tapes, is superfiuous.
In other words, if a low-pass filter,
passing all frequencies below the
highest the machine is designed to re-
cord, is put into the control loop, the
active bias can be correctly set for all
audio frequencies. And this setting ad-
justs itself, by its very nature, to all
static bias levels and for all tape formu-
lations.

Once the form of the filter has been
determined, our problem is solved. It
only remains to construct a suitable
circuit that will implement the filter as
part of a feedback loop to control the
bias level. For a competent circuit de-
signer, this really should present no
particular problem.

Fig. 7—In conventional recording circuits (shown in black), low-frequency
response can be diminished by the biasing effects of high audio
frequencies. With the addition of the HX Professional circuits (shown in
color), bias level is controlled by the total high-frequency signal (audio plus

bias) at the recording head.
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The Circulitry

It will come as no surprise at this
point to see the final circuit, which is
shown in Fig. 7. As stated earlier, the
audio line feeding the recording head
is conventional except that the signal is
sensed at the head, to derive the sig-
nal required for HX Professional. An
advantage of measuring at this point is
that it allows the audio signal path to
be kept totally free of any manipuiation
by the HX Professional circuit and
therefore free from any possibility of
degradation. Further, any necessary
manipulation of the signal, such as
pre-emphasis or noise-reduction Cir-
cuits, is automatically taken into ac-
count when the signal is monitored at
this point.

The signal monitored at the head,
after passing through an integrator and
the filter, is rectified to give a d.c. voit-
age proportional to the active bias.
This is then compared to a previously
set reference voltage. The presence of
any high frequencies in the signal will
alter the level of the rectified voltage by
an amount dependent on the ampli-
tude and frequency composition of the
signal and the characteristics of the
filter. When the rectified voltage
changes, it will differ from the refer-
ence voltage, and a control signal pro-
portional to the difference is generat-
ed. The control signal is used to alter
the gain of the voltage-controlled am-
plifier, which in turn alters the bias cur-
rent from the oscillator.

The reference is a stable, adjustable
d.c. voltage set to a value that gives
the required no-signal bias current.
The difference between the rectified
signal and the reference voltage is
used as a control signal to adjust the
bias level from the oscillator. It can be
seen that in the absence of any audio
signal, no-signal bias curient at the
tape head can be accurately adjusted
for any tape formulation simply by
changing the value of the d.c. refer-
ence voltage. Once this adjustment
has been made, the circuit requires no
further adjustment or correction.

The bias circuit for HX Professional
differs from the conventional in that a
voltage-controlled amplifier is placed
between a conventional oscillator,
which is also used in the erase circuit,
and the point at which the audio signal
is added to the bias in the recording
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circuit. This amplifier, as its name sug-
gests, changes its gain under the con-
trol of a d.c. voltage to control the
amount of bias current that is fed to the
mixer. The d.c. voltage used to control
the amplifier is, of course, the signal
that is derived from the feedback cir-
cuit, which senses the signal at the
tape head.

What now happens is that, for an
audio signal composed of high and
low frequencies, the active bias in-
creases, and oscillator bias is reduced
by a corresponding amount. The low
frequencies see a total bias equal to
the sum of the reduced oscillator bias
and the biasing effect of the high fre-
quencies. By definition, and courtesy
of the HX Professional circuit, this val-
ue remains constant. The high fre-
quencies see the reduced bias from
the oscillator, but are far less sensitive
to the biasing effect of the high fre-
quencies themselves. In other words,
they see a reduced level of active bias.

As we have seen earlier, high fre-
quencies require a lower level of bias
for optimum recording conditions than
low frequencies do. Thus, the lower
oscillator bias is advantageous for the
high frequencies in the audio signal,
and results in better MOL, besides low-
ering the dynamic frequency-response
error. Together, these two factors lead
to a dramatic improvement in the quali-
ty of recorded high frequencies, partic-
ularly when high recording levels are
used. The improvement is more
marked on less expensive tapes, but
also substantial with the most expen-
sive formulations.

HX Professional also has other ad-
vantages as byproducts. As men-
tioned, conventional recorders use a
“fixed” bias adjusted to a value which
is a compromise between levels that
give the lowest distortion at low fre-
quencies and the highest MOL at high
frequencies. A compromise is neces-
sary, as the optimum values for these
characteristics occur at different levels
of bias. The compromise is, of course,
chosen to be somewhere between
these two optimum values.

After implementing HX Professional
in a prototype recording circuit, it was
realized that the conventional compro-
mise may be considerably reduced.
Since the high frequencies take care of
themselves, i.e., oscillator bias falls to

HX Professional
and Dolby HX use
similar principles
but differ in their
aims as well

as in their
implementations.

accommodate high frequencies, no-
signal bias may be adjusted close to
the optimum value for the best low-
frequency distortion. This lowers over-
all distortion in the recording at the
same time that high-frequency record-
ing is improved.

Finally, it was found that the tape
overload characteristic for high fre-
quencies, at levels above those where
tape saturation begins to occur, is
more gentle with the HX Professional
circuit. Distortion rises at a slower rate
as the normal maximum recording lev-
el is exceeded, permitting higher re-
cording levels and a better signal-to-
noise ratio without audible distortion at
unexpected peaks in the audio signal.

HX Professional vs. Dolby HX

A description of HX Professional will
be incomplete without mentioning the
circuit from which it gets its name,
Dolby HX. Although the names are
similar, as are some of the principles
on which the two circuits are based,
they are in fact quite different in their
aims as well as in implementation.

K. Gundry of Dolby Laboratories, the
inventor of HX, realized that a wide-
band audio signal has a self-biasing
effect and that this is part of the cause
of high-frequency losses in recording.
The problem led him to develop a cir-
cuit where oscillator bias is changed
when high frequencies are present in
the audio.signal, as is done in HX Pro-
fessional. But his aim was to permit the
maximum level of high frequencies to
be recorded—in other words, to get
the highest possible level of MOL.
Hence the name HX, Headroom eX-
pander system.

However, in order to maximize MOL,
oscillator bias must be reduced by
more than is necessary to keep active
bias constant. Also, a frequency-re-
sponse error (in a sense opposite that
of a conventional recorder, and at an
unacceptable level) is introduced due
to overcompensation. This was also
recognized, and an ingenious correc-
tion was introduced.

Since Dolby noise-reduction circuits
aiready measure the high-frequency
content of the audio signal, in Dolby
HX the same circuit was used to derive
a signal to control oscillator bias. In
addition, this control signal was also
used to alter pre-emphasis to continu-
ously correct the dynamic frequency-
response error. The resulting circuit re-
quired fairly complex design and ad-
justment for both the oscillator and pre-
emphasis to track correctly, and the
problem became even greater when
using different tape formulations.

Although dynamic frequency re-
sponse, even with correction, was sub-
stantially less accurate than with HX
Professional, HX did in fact function
marginally better than HX Professional
in improving MOL. The reason it did
not become more popular was proba-
bly because tape recorder manufac-
turers were not willing to cope with the
complexity of the adjustments required
for correct operation.

HX Professional was developed at
the same time as the Dolby circuit,
although independently, but it was re-
leased later. And it is so fundamental
to recording technology that Dolby
Laboratories not only took part in the
final stages of development, but
agreed to license the circuitry, on be-
half of the inventors, to manufacturers
not only of cassette recorders but also
of other recording devices (such as
high-speed duplicators).

This explanation of the function of
HX Professional is necessarily simpli-
fied in the interests of an explanation of
the broad principles at the cost of rig-
orous detail. The authors hope that
readers will take this into account.
More exact formulations will be found
in the references below. 4
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