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One of the biggest challenges facing a broadcast engineer today is how to
stay current with rapidly changing technology. While the benefits afforded by
new technology may be great, so too are the responsibilities placed on those
who must operate and maintain such hardware. The technical demands facing a
broadcast engineer or operator today are greater than ever before.

However,

your attendance at this conference affirms your desire to meet the challenge
and learn about many of these new developments.
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TREMNDS IN TELEVISION AUDIO

Randall Hoffner
National Broadcasting Company

Abstract

The electronic sopnistication of the American public, the
conpetitive nature of the video marketplace, and recent
technological 1innovations have generated and sustained a keen
interest in high-quality stereophonic television audio. We have
cowte a long way in a few short years, and ongoing developments
are creating an exciting future for the sound portion of the
aural and visual nedium of television.

for uch of United States television broadcasting's
history, the sound that accoupanied the visual image was accorded
e status of ‘“second <class citizen" and, indeed, sometimes
appeared to he little more than an afterthought. Our system of
transnitting telavision aural signals employs frequency
nmodulation and has thus always contained the potential for
high-fidelity sound transmission, and there was ample bandwidth
available for the inclusion of subcarriers to support
multichannel sound. That television audio failed to realize its
potential for so 1long nay be attributed to a number of causes.
lTerrestrial network delivery systems compromised the quality of
audioc delivered to affiliates. Video tape recorders were
optimized for video performance to the neglect, if not the
outriocht detriment, of their audio performance. Studios and
sound stages were often acoustically deficient and noisy.
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Television receivers had "low-fi" sound sections consisting
of anemic power amplifiers driving small, low-quality speakers.
These receivers delivered unexciting sound to the viewer, but did
offer the benefit of filtering out the buzz created by such
transmission impairments as incidental carrier phase wnodulation
and visual carrier over-modulation.

These factors, coupled with a general lack of interest by
the industry in fully exploiting the potential of television
audio, caused the sound portion of the aural/visual wmedium of
television to Tlanguish for several decades. Through the y2ars
there had been some inquiries regarding stereo sound for
television, beginning in 1959-60 along with an FM stereo
broadcast study, but each inquiry was mnet with a tidal wave of
indifference by the television industry and quietly faded away.

In recent years, the perspectives of both producers and
consumers of United States television hardware and programming
have been changed by a number of developments. The
standardization and nearly universal employment of video tape
formats containing multiple audio tracks has been coupled with
the improvement of these tracks to reasonable, if not exemplary,
quality. Satellite network and syndicated program distribution
facilitates the inclusion of multiple high-quality audio channels
with the visual signal. The proliferation of high-fidelity
stereo consumer audio equipment has spilled over into the video
sector, and pre-recorded videocassettes with theatrical-quality
stereo soundtracks are as close as the corner video store.

Competition among the video iedia from such sources as
independent broadcasters, ca:'e television, videocassettes and
videodiscs, and direct satellite delivery has multiplied.
Broadcasters are searching for ways to itore fully exploit their
television signals, and the color receiver mariet has natured.
These factors have acted in concert to fuel the industry's
interest 1in high-quality multichannel television sound. This
brought about re-examination of the HTS question in the early
1980s and led to the development and impleientaticn of the 3TSC
system for transmitting mnmultichannel television sound, a
watershed development in broadcast television audio in the Uniteil
States.

The rapid acceptance and widespread awareness of broadcast
stereo television and the availability of high-quality ster=o
sound on other video media has spawned efforts on the part of
broadcasters and receiver manufacturers to improve the fidelity
of television audio fron production through the broadcast chain
all the way to the living roomn.
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To the public, steréo and high fidelity are so inseparable
that they are virtually synonomous. The viewer who is enjoying
television in stereo is either using a television receiver with a
reasonably high-quality audio section or 1is routing the stereo
television audio through the home high-fidelity system and, in
either case, will be only too aware of any fidelity problems in
the transmitted audio signal.

The result has been a ripple effect in television audio
equipment design and practices which is producing improvements in
audio distribution and processing equipment, in aural
transmitters, and in television audio systems engineering. New
attention is being paid to such factors as distortion,
signal-to-noise ratio, and audio bandwidth in both transmitting
and receiving equipment.

The audio side of television production is benefitting from
the current interest 1in improving television sound as well.
Studio acoustics are receiving new attention. Audio control room
acoustics and speaker placement are being scrutinized, and audio
consoles featuring impressive performance specifications and
highly automated functions are being installed.

A renewed interest 1in some venerable stereo microphone
techniques has surfaced. Wew versions of the X-Y and M-S type of
far-field microphones are appearing which are readily adaptable
to television boom miking and field pick-up situations and
because they wuse <co-located eleinents, their stereo signals
inherently sum to mono without phase cancellations.

The video tape recorder has been identified as a weak link
in the television audio chain, and work is proceeding apace to
improve its signal-to-noise ratio, headroom, and distortion
characteristics. A prime enemy of stereo television broadcasting
is interchannel audio timebase or phase error, which can result
from azimuth misalignment of longitudinal audio head stacks.

Changes are being made to current types of video tape
recorders to enable routine azimuth adjustment, and soime devices
have been developed which 2lectronically correct these timne delay
errors between stereo tape tracks as well. The efforts to
correct or eliminate audio timebase errors are critical because
such errors degrade the mono sum signal, something no broadcaster
can live with.
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Along with new video tape formats, some new techniques of
recording audio on videotape have recently appeared. These
include such developments as noise reduction for longitudinal
audio tracks and the incorporation of companded FM audio
channels, both of which are available on the new half-inch
professional video formats. These FM channels provide wide
dynamic range and low distortion, with the disadvantage that they
cannot be edited separately from the video.

A development holding great promise for the future of audio
on videotape is the employment of PCM digital audio recording for
both one-inch and the new MII formats. Sixteen-bit 1linear
quantization and 48kHz sampling provide complete audio
transparency, total editing flexibility, multigenerational audio
dubbing without degradation, and the absence of time delay or
phase errors between stereo channels.

The word in television audio's future is increasingly going
to be "digital". The digital trend, already underway, will
develop into a major tidal wave, washing over all facets of
television audio from production to broadcasting to reception.

In addition to magnetic tape, digital audio will be stored
in such media as magnetic disc, solid state memory, and optical
disc. In production and post-production, dramatically increasing
usage will be made of non-tape based digital audio editing
systems, which run the gamut from disc-based emulations of audio
cartridge machines to such wonders as the audio sampling
synthesizers, which are editing systems and musical instruments
integrated into one device. These synthesizers can store and
manipulate sound in a dizzying variety of ways, in synchronism
with video signals.

Digital audio processing 1is proliferating in the form of
delay and reverberation devices, pitch changers, and time
compression devices, all of which are characterized by impeccable
audio quality. The future will bring us fully digital audio
consoles in which the functions and parameters of audio
processing modules will be software-controlled. What the modules
do functionally will be limited not by their nature as hardware,
but by computer processing power alone; and as an additional
bonus, these consoles will diagnose their own faults and reroute
signals around malfunctioning sections! As we move into the
future, an ever greater amount of the audio editor's work will be
done using a computer terminal.
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Distribution of audio, both within the plant and to the
outside world, will increasingly be done in digital form. The
digital domain has some very attractive and useful qualities for
television audio, including wide dynamic range, very low
distortion, robustness under adverse conditions, and the
capability to withstand many generations of recording and many
stages of processing and distribution without significant
degradation.

The day will come when television audio will remain in the
digital domain wvirtually from its origin to the receiver.
Digital audio delivery to the home will give the consumer the
ultimate in audio quality from the television set.

The near future will idncreasingly bring the augmentation
of stereo with surround-sound, a natural adjunct to the video
presentation, particularly with the expanding presence of
large-picture and projection televisions, and most especially to
accounpany high-definition and wide-screen formats. This will be
the next audio step toward bringing the theater experience into
the 1living room. A future generation of television receivers
Wwill, no doubt, include integral surround-sound decoders.

In conclusion, the increasing electronic sophistication of
he audience, as well as the producers and disseminators of
television programming, in combination with the maturation of the
television wmedium and increasingly competitive nature of the
video marketplace, have generated and sustained a keen interest
in high-fidelity and stereophonic television audio. The
cornucopia of new developments in audio for video which are being
used and developed by the television industry is creating an
exciting future for television audio. At this point, we have
only seen the beginning:

RH/sw
1098A
83187
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QUICK TV STEREO PROOFS

Bruce E. Hofer

Vice President and Principal Engineer
Audio Precision, Inc.

Introduction

Stereo sound has added an exciting new dimension to the
television experience. It has also increased the listener’s
expectation of quality and the perception of problems. Many
people are more sensitive to noise and imperfections in a
stereo reproduction than one in mono.

Maintaining a high standard of stereo sound quality
requires periodic checks of station performance and
adjustments to compensate for equipment drift and aging.
Conducting a full proof in compliance with BTSC guidelines
is a time consuming process with results that may not always
correlate with the true audio quality. A full proof must be
conducted during station down time because several tests
require the stereo generator to be switched into non-
broadcast modes. There is also the natural tendency to put
off a proof as long as possible if there are few complaints
and it "sounds like stereo.”

Recent developments in the field of automated audio
test instrumentation have made the concept of an on-air
"quick" proof both realistic and practical. A quick proof
is an automated sequence of selected tests that can rapidly
check the most important aspects of aural quality, under
normal station operating conditions. A few carefully chosen
tests can detect the presence of almost any problem in the
aural chain that would cause a loss in quality. A quick
proof could be run weekly, or even daily at sign-on, to
provide a periodic record of station performance. Long
term drift problems could be spotted before they become
audible.



BTSC System Review

A complete description of the BTSC system can be found
in the FCC OET Bulletin #60, which is the controlling
document for TV stereo in the United States. Many factors
led to the specific design of the BTSC system. To provide
compatibility with the large installed base of monaural
receivers, (L-R) information is added in a double sideband
suppressed carrier (DSB-SC) subchannel located at twice the
horizontal scan rate, or 31.468 kHz. A 15.734 kHz pilot is
inserted to provide the phase reference for demodulating the
(L-R) signal in the receiver. All audio information is
sharply bandwidth limited at 15.0 kHz to prevent spillover
between the main and subchannels and interference with the
pilot tone.

The most unique characteristic of the BTSC system is
the complex and non-linear processing of the (L-R) sub-
channel signal. The simple 75 usec pre-emphasis used in FM
radio subchannel processing will not deliver satisfactory
results in the TV environment with its nearby strong
amplitude modulated video signal. The aural signal is
subject to video interference from imperfect bandlimiting,
occasional overmodulation, and incidental phase modulation
of the video carrier. To overcome these problems the (L-R)
subchannel signal is compressed in dynamic range.

Figures 1 and 2 shows a simplified representation of
the BTSC encoding process. The (L-R) signal is first pre-
emphasized following a different curve than applied to the
main channel. It is then compressed in dynamic range and
spectral shape. Low frequencies below 1 kHz are compressed
by a 2:1 factor while high frequencies above about 8 kHz are
compressed by a factor approaching 3:1. Thus, a 60 dB
dynamic range in the (L-R) signal will encode to a dynamic
range of 30 dB range at low frequencies but only 20 dB at
high frequencies. An interesting consequence of this
process is that the subchannel modulation will never go to
zero in the absence of (L-R) information. Unavoidable noise
components located 100 dB below maximum will still cause an
encoded subchannel modulation of about -34 dB, or 2%.

The BTSC system also provisions for a second audio
program channel (SAP) and a narrow-band channel for station
usage (PRO). These add additional carriers to the composite
aural signal above the (L-R) subchannel. The SAP channel is
encoded with the same processing as the (L-R) subchannel to
obtain a reasonable signal-to-noise ratio, but is bandwidth
limited to 10 kHz. So far, SAP audio quality has not been
the focus of much attention. A typical example of its usage
has been for second language commentary of sports events.
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Separation Problems

The BTSC system exhibits a very sensitive relationship
between stereo separation and processing gain-phase errors.
Table 1 shows the degrading effect that a demodulated (L-R)
amplitude or phase error will have on separation. To
achieve 20 dB separation requires that the total amplitude
error in the recovered (L-R) signal, following the encoding-
decoding process, be within 1.58 dB. A pure phase error
must be less than 11.48 degrees. The combined effect of
both types of error on separation is closely approximated by
the vectorial summation of each individual effect. Thus, to
guarantee 20 dB separation requires the overall (L-R) errors
must be less than 1.15 dB and 8.12 degrees, even though each
individual error would yield 23 dB separation.

Max Max

Separation Gain error Phase error

20 dB 1.58 dB 11.48 deg
23 1.15 i 8§.12
26 0.83 5.75
28 0.67 4.56
30 0.53 3.62
32 0.43 2.88
33 0.38 2.57
34 0.34 2.29
36 0.27 1.82
38 0.22 1.44
40 0.17 1.15

TABLE 1 - Separation versus (L-R) gain or phase errors

Extremely high separation is not required for good
stereo quality. Many people can detect a slight "narrowing"
in a stereo reproduction when separation falls to 20 dB.
Indeed, the pleasing stereo sensation is still possible with
only 6-10 dB of separation, provided it is constant with
frequency. If separation degrades to poor levels at only
some frequencies "smearing" of the sound images can occur--
the aural equivalent of poor color convergence.

The ultimate reproduced stereo separation will be a
combination of both station encoding and home receiver
decoding error sources. Because these are uncorrelated the
overall effect can vary from the worst-case addition of
errors to possible subtraction or even cancellation of
errors. The station contribution should be as low as
practical. The OET-60 requirement of 30 dB separation is
quite reasonable even though only 20 dB might be considered
adequate for good stereo.



There are other reasons to partition a total error
budget to favor the home receiver. Minimizing the receiver
cost and complexity is the obvious one. A more subtle and
technical reason comes from the BTSC process.

The encoded (L-R) subchannel signal, itself, controls
the BTSC encoding-decoding functions. Filtered versions of
the encoded (L-R) signal are used to dynamically control
companding and equalization signal processing. Interference
or crosstalk into the subchannel following encoding will
cause mistracking of the decoding process. An interference
product will be misinterpreted by the receiver as a part of
the original (L-R) signal and cause a decoding error. This
exact error is difficult to analyze and strongly dependent
upon the spectral characteristics of the subchannel signal
to begin with. (The author has developed a computer program
for calculating ideal decoder errors for the special case of
a single interference tone, and will make it available upon
request.) It should be noted that subchannel interference
at -60 dB, near 8-12 kHz, can cause a significant loss of
midband separation at 1% equivalent modulation. Quality
conscious stations are strongly encouraged to exceed the
OET-60 section C(a)l2 crosstalk requirement of -60 dB.

Separation can exhibit large changes in value over
small changes in frequency. Every station has its good and
bad frequencies and it is important to take enough data to
get a clear picture of true performance. Figure 3 shows the
measured separation at 11 spot frequencies of a stereo
generator connected to the baseband input of a modulation
monitor through a small attenuator to simulate a subchannel
deviation error. Note that the worst midband reading is
approximately 38 dB. Figure 4 shows the same setup swept
with 81 logarithmically spaced frequencies (80 steps).
Separation is clearly seen to degrade to 36 dB near 1.5 kHz.

Finally, it is important to realize that the modulation
monitor is not perfect and can contribute its errors when
measuring station separation. Typical stereo modulation
monitors specify or claim 40-50 dB separation. This can
still impart a 1-3 dB uncertainty in a 30 dB measurement.
Table 1 shows how a 30 dB separation reading could have
resulted from a true station performance of 33 dB and a
modulation monitor contribution equivalent to 40 dB
separation, assuming worst case addition of pure amplitude
or phase errors. However, it is also possible that the true
station performance was only 28 dB, if errors were of
opposite polarity. Extremely high separation measurements
(>50 dB) should always be treated with some skepticism.

They may be the result of a fortuitous cancellation of much
larger error sources.
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Other Significant Measurements of Audio Quality

Distortion can arise in both the main and subchannel
from different mechanisms. Subchannel distortion can be
caused by improper time constants within the companding
circuits, particularly at low frequencies. Thus, it is
recommended that distortion be measured with both (L+R) and
(L-R) test signals. Using an L-only or R-only signal will
cause both main and subchannel modulation at a lower level,
and the measured THD will reflect a combination of both main
and subchannel linearity performance.

The permissible levels of distortion have not kept pace
with other high quality audio products. OET-60 allows up to
2.5% THD at midband frequencies. This should be considered
an absolutely intolerable amount for high quality. Quality
conscious stations should maintain their distortion levels
as low as practical.

Besides frequency response, hum and noise measurements
also offer one of the best checks that there are no problems
anywhere in the audio path. Some audio analyzers have the
ability to sweep a 1/3-octave bandpass filter and provide a
spectral display of hum and noise components. This is most
helpful when diagnosing the source of a problem. Stations
should expect that the listener’s sensitivity to hum, noise,
and distortion problems will increase with the extended
response of new stereo receiver loudspeaker systems.

Several Quick Proof Proposals

The acceptance of the quick proof concept depends upon
measuring a sufficient set of factors to identify any
significant problems in the shortest time possible. A
quick proof is not meant to be a substitute for a complete
aural proof, but it can provide routine data about station
performance that can be used to identify the need for more
serious maintenance.

The basic equipment setup requires a programmable
stereo audio generator connected to suitable L and R inputs
at the studio console or audio switcher. An automated audio
analyzer is connected to the L and R outputs of the stereo
modulation monitor. One analyzer (the AP System One) is
unique in providing a third auxiliary input for using the
wideband composite audio output of the modulation monitor.
This allows frequency response to be measured at constant
total deviation (constant peak composite signal output), and
additionally provides the ability to measure (L+R) noise
with a precision 75-usec de-emphasis (plus 15.734 kHz notch)
option filter.
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It is physically attractive to locate the modulation
monitor and audio analyzer at the studio and pick the signal
out of the air with a high quality demodulator. Because RF
signal quality is not always adequate at the studio site the
modulation monitor and analyzer may have to be located at
the transmitter site and left unattended. There are several
ways of automating this "split-site” situation and adapting
it to the quick proof concept. The AP System One is an
example of an analyzer that interfaces to a personal
computer and can be linked via a serial port and RS-232 to a
telephone line. The operator located at the studio site
would simply dial up the transmitter site and automatically
link his local computer with the remote analyzer and assume
control. As the proof is running, data would be transferred
back to the studio for immediate interpretation, hardcopy,
or storage. This is particularly advantageous if something
is spotted during one of the tests and the operator desires
to perform further checks while he has use of the station.
Another type of analyzer uses an FSK signal in the audio
path itself to reset or advance the measurement sequence.

It does not require a separate phone line, but also can not
provide convenient feedback of data.

Quick Proof #1 is designed to be a compromise between
speed and thoroughness. It takes 69 measurements and will
run within 60 seconds using the AP System One. The number
and specific frequency points checked can be modified to
reduce test time or enable the use of less sophisticated
test equipment.

Test 1 - Frequency Response using 50% (L+R) modulation at
30-50-100-300-1k-2k-4k-7.5k-10k-12k-14k-14.5k-15kHz

Test 2 - L and R output THD+N using 50% (L+R) modulation at
50-100-400-1k-5k~-7.5k-10k-15kHz

Test 3 - L and R output THD+N using 50% (L-R) modulation at
50-100-400-1k-5k-7.5k-10k-15kHz

Test 4 - Separation using 10% equivalent modulation at

50-100-200-300-500-1k-2k-3k-8k-10k-12k-14kHz

The 50% modulation level of tests 1-3 may be too high (loud)
if the quick proof is run during significant viewing hours.
Higher modulation levels may trip peak-limiters or other
processing devices. The suggested spot frequencies give
good coverage of the audio band but may not always be
optimum. As mentioned previously, every station has its
good and bad frequencies. It may also be desirable to
tradeoff the number of distortion check points to increase
the number of separation points, particularly near midband.




Quick Proof #2 adds additional tests of stereo
separation at 1% and 50% equivalent modulation and a spot
test of de-emphasized main channel hum and noise:

Test 5 - Separation using 50% equivalent modulation
Test 6 - Separation using 1% equivalent modulation
Test 7 - (L+R) main channel hum and noise

It requires approximately 50% longer to run than Proof #1.
Tests 5 and 6 check the tracking of the encoder and would
use the same frequencies as Test 4. Degraded separation at
1% modulation can be an indication of subchannel noise,
crosstalk, or interference problems. Test 7 measures hum
and noise as mono listeners would receive it and is a good
indicator of STL or audio switching problems.

Quick Proof #3 only tests separation (Test 4) and runs
in the shortest time. Separation is the single most useful
test of station quality due to the complex nature of BTSC
subchannel processing. Test time is approximately 20
seconds with the AP System One, but could be further reduced
by checking only those frequencies previously determined to
be the best indicators of station performance.

Quick proofs based upon other combinations of tests or
different selections of test frequencies are possible. Each
station will have its own unique set of needs and problems
to be satisfied. The complexity, speed, and effectiveness
of a quick proof will be limited by the capabilities of the
test equipment. The three specific examples outlined above
are available today from Audio Precision, but could probably
be adapted for use with less sophisticated equipment.

Summary

The quick proof offers the TV station a practical tool
to insure consistent high quality stereo. Many aspects of
aural performance can be quickly verified by conducting a
few selected tests. Recent advances in affordable automated
audio test instrumentation have made the concept of a quick
aural proof a reality. Viewers will become more critical
listeners as both program source material and home receiver
quality improve.



THE IMPACT OF PRE-EMPHASIS

By Jerry Carmean

Director of Engineering and Operations
Ohio University, Athens, Ohio

Many broadcast engineers first become acquainted with equalization when
trying to measure the frequency response of an audio tape recorder. Not
realizing that a record to playback frequency response run must be made at
least 17 dB below operating level, a beginning engineer would most likely use
normal operating level to make this measurement. At low frequencies there
would be no problem but as the audio input frequency is increased, the output
level sags and becomes distorted and tones which are not at the input
frequency appear. As frequency is increased, the recording equalizer gives an
added boost which saturates the tape and these nonlinear distortion products
arise.

Such measurement problems not withstanding, equalization is a very
important and valuable method of obtaining a greater degree of performance in
electronic equipment where there is a frequency-dependent weak link. An
excellent example is in the groove placement on a phonograph record. The
pickup stylus responds to the rate of change in the position of the groove.
This rate of change is greater for higher frequencies (because the length of
the wave is shorter) than for the lower frequencies. To get adequate low
frequency loudness from the phonograph cartridge, the groove excursion would
need to be greatly increased for low frequencies, a practice which would be
wasteful of vinyl real estate. A better method (and the method which is in
use) is to electrically reduce low frequency levels and increase high
frequency levels at a predetermined rate before recording onto disc, then use
an exactly opposite frequency characteristic upon playback. This not only
reduces required groove excursion at low frequencies, but also provides about
8 dB less high frequency noise in the recording. A slightly different form of
equalization is used in the FM broadcast transmission system. This
equalization is called pre-emphasis at the transmitter and de-emphasis at the
receiver. It is used because of an interesting characteristic of the FM
detection system. This will be discussed at a later point in this paper, but
first I would like to present some information regarding noise.
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Generally the noise power in a communications channel is directly
proportional to the bandwidth used in a channel and to the prevailing
temperature. The amount of noise is related to our electrical units through a
constant called Boltzmann's Constant, K. (K=1.38 X 10~23 Joules per degree
Kelvin). A Joule is simply a watt-second and Kelvin is simply the centigrade
temperature plus 273°,

How Noise is Generated

An electrical conductor consists of metal or semiconductor atoms in a
conductor (wire). The atoms are fixed into place and cannot move around
freely. Some of the outer electrons of some of those atoms can break loose
rather easily and those electrons are called free electrons because once they
have broken loose they are more or less free to move around within this matrix
of metal atoms and can easily join with an atom at a different place, or just
move on. This is easy to understand if we would consider the wire to be
similar to a hollow pipe with boundaries at the surface of the wire. Within
this wire, electrons are free to move around, just as molecules of gas move
around within a container. Each electron has a negative charge, and this
charge cuases an electric field to build up around each electron. These small
electric fields repel the fields of each of the other electrons. Each
electron in the wire will try to get as far away from every other electron as
it can and will intersperse evenly to every part of the conductor. For that
reason, you measure the same voltage at every point on a wire if it is not
carrying a lot of current. If you inject electrons into one end of the wire
(by connecting to a battery or whatever) each of those electrons squeeze into
the crowd and put force on the other electrons with its own electric charge.
More electrons in the wire represent a greater electron pressure which will
resist the injection of more electrons, and a stable state is quickly
re-established. A current takes place when electrons are injected into one
end of the wire and allowed to leave the other end. Again, each electron is
trying to stay as far away as possible from every other electron because of
their electric fields. Notice that the electric pressure is due to the
electric fields of the electrons which are forced to stay within the
boundaries of the wire. A difference in electric pressure is voltage, and
when two wires are connected, this pressure will try to equalize because each
electron tries to get as far away from each other electron and still stay
within the boundaries of the wires. This rearranging of electrons in response
to a voltage (pressure) difference is called current.

In addition to the forced movement of electrons in a wire there are random
motions due to temperature. Heat is simply motion of atoms or electrons, and
every temperature has a corresponding degree of motional activity. These
electrons are bouncing off the walls of the copper container and rebounding
from each other's electric fields within the container. A movement of an
electric charge is a current and this random motion of electrons within a
container (wire) represents random small currents. The magnitude of these
currents is proportional to temperature because higher temperatures mean
faster moving electrons.

Since these electron motions are random, currents at all frequencies, or
white noise is implied. The wider range of frequencies that are measured, the
more noise power is included in the measurement.
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If this noise is developed across a resistor, the voltage across this
resistor is

V = VA4KTR VOLTS/ VHj;

and 1f the voltage is considered over a specific bandwidth, then

VAKTRB VOLTS

RMS VOLTAGE ACROSS THE RESISTOR
1.38 X 10 =23 g/K

RESISTANCE IN CHMS

TEMPERATURE IN DEGREES KELVIN
BANDWIDTH IN H,

WHORS<S

Noise in a comnunications system behaves in the same ways as noise
generated by a resistor. Noise power is directly proportional to bandwidth.
Noise voltage in an AM detector is proportional to the square root of the
bandwidth. 1In a wideband FM detector, however, the noise voltage is directly
proportional to the bandwidth, not the square root of the bandwidth. 1t is,
therefore, quite advantageous to use a lowpass audio filter after the FM
detector to reduce this added noise.

Maintaining a flat frequency response with this low pass filtering
requires a complementary high pass filtering in the transmitter prior to
modulation of the transmitter. The net result of the use of the pre-emphasis
and de-emphasis is an unchanged frequency response. If the de-emphasis
network is a dual of the pre-emphasis network, there will be no change in
phase with respect to frequency.

The pre-emphasis and de-emphasis curves are usually generated using a
passive resistor-capacitor or resistor-inductor network connected as a single
pole or single zero low or high pass filter. 1In its simplest form, a
de-emphasis network looks like this:

Some possible Values of C and R

O—"\ VW —0
C R RC
IN T ouT 75 uf 1 ohm 75 us
0.75 uf 100 75 us
O - .0075 uf 10,000 75 us
75 pf 1 meg 75 us
Figure 1. Simple Pre-emhasis Circuit

Any combination of resistance and capacitance values can be used as long
as the capacitance in Farads multiplied by the resistance in ohms
equals 75 x 1076, The corresponding pre-emphasis circuit is somewhat more
complicated, requiring a load impedance which is very low with respect to R.
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Figure 2. Simple De-emphasis Circuit

Operational amplifiers make simple pre-emphasis and de-emphasis circuits

easy to achieve. The graph of the frequency response of these networks is
shown below:

s TR /
10 ‘\\\\\

/
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100 Hz 200 500 1K K 5K 10K 0K
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Frequency
Figure 3. Pre-emphasis and De-emphasis Curves

Note that the effect of pre-emphasis and de-emphasis is minimal at low
frequencies but increases to 13.6 dB at 10 KHz and to 17 dB at 15 KHz. This
can cause problems when you are dealing with limited headroom or when it is
necessary to do some signal processing. For example, how can you do simple
limiting to prevent overmodulation of a transmitter when pre-emphasis is
used? If you run the signal through a limiting amplifier before pre-emphasis,
the high frequencies can still overmodulate the transmitter because of the
high frequency boost after the limiting. If the overall modulating level is
reduced to prevent high frequencies from overmodulating the transmitter, then
your modulation meter will read about 30% modulation at the same time your
100% peak flasher is flashing. One early solution to this problem was to
limit the signal after pre-emphasis or to pre-emphasize the signal, limit the
signal then de-emphasize the limited signal again before putting it into the
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transmitter, where it was pre-emphasized again. this is how the CBS Volumax
of 20 years ago managed to get a high percentage of modulation with a
pre-emphasized signal. This process, however, gave a dynamic dulling of the
high frequencies which was not particularly pleasant to listen to. Modern
processor-limiters for FM have done a remarkable job of giving a wide-band,
clean sound with a relatively high percentage of modulation.

Measurements of audio characteristics in a pre-emphasized transmitter are
also a little more complicated and quite tricky to the uninitiated. For
example, as you measure the frequency response of an FM transmitter at a
constant level of modulation you find yourself needing to lower the audio
input to the transmitter as the frequency increases. By the time you have
reached 15 KHz, the input to the transmitter is 17 dB lower than it was at 400
Hz and the output of the modulation monitor has also dropped by 17 dB. This
is not a result of sloppy measurements, but rather, a consequence of using
pre-emphasis in the transmitter and de-emphasis in the modulation monitor.

Another interesting situation you may run into is an apparent increase in
the harmonic distortion as the frequency is increased. This distortion
increases as the percentage of modulation is decreased. This distortion isn't
real, it is simply the result of the greater system noise reaching the
distortion analyzer. The reason for this noise increase is that the signal
input to the console is reduced (remember the 17 dB at 15 KHz) while the gain
of the console and all other amplifiers remain the same. Harmonic distortion
is measured by calibrating the tone input level, cancelling out the tone and
calling everything which remains, "distortion". The distortion analyzer shows
this noise on the meter. The FCC recognized this problem when setting up
rules for doing FM Proof of Performance Measurements and did not require
distortion measurements at 50% and 25% modulation at frequencies above 5000 Hz.

Pre-emphasis With AM

Now, let's take a look at reasons for using pre-emphasis on AM. Remember,
that the noise voltage output in an AM detector is proportional to the square
root of the system bandwidth, so the use of de-emphasis and corresponding
pre-emphasis will not improve the signal to noise ratio. Gaining a better
signal to noise ratio is not a reason to use pre-emphasis on AM.

Think for a moment. At what modulating frequencies does your antenna
present the worst load to your transmitter? At what modulating frequencies is
your transmitter least able to deal with a difficult load? Are these the
frequencies that you really want to boost?

The National Radio Standards Committee, sponsored by the Electronic
Industries Association and the National Association of Broadcasters has been
working on the problem of second adjacent channel interference. Harrison
Klein and Hammett & Edison have recently undergone a study of overmodulation
and excessive bandwidth under the sponsorship of the National Association of
Broadcasters. Both groups have published very informative and important
reports dealing with ways to improve AM broadcast. I strongly urge you to get
a copy of both of these reports and study them carefully. Obvious in both
reports is the necessity to reduce the spectrum bandwidth. NRSC suggests the
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use of rather severe low-pass filtering to remove all audio frequencies above
10 KHz, and this appears to be in line with Harrison Klein and Hammett &
Edison's report. This filtering should substantially reduce or completely
eliminate second-adjacent channel interference if this were used by all
stations. The NRSC suggests brightening the sound by using a combination of
the 75 uSec pre-emphasis as is used in an FM transmitter in addition to an
18.3 uSec de-emphasis circuit followed by a brickwall, low pass filter to
remove all audio above 10 KHz. The pre-emphasis, de-emphasis and brickwall
filter are all in the transmitter processing system. The reason for using the
pre-emphasis circuit is that "Everybody's doing it." I do not agree that this
is a good reason for using pre-emphasis. The 18.3 uSec de-emphasis circuit is
used because the pre-emphasis circuit is too severe. It will reduce the

13.6 dB rise at 10 KHz to a 10 dB rise. A brickwall low pass filter is
necessary partly because of the boost at 10 KHz. Otherwise, a less severe
filter could be used.

Severe filtering gives considerable amount of phase shift at frequencies
near the cutoff frequency and if the filter is not very carefully designed
excessive phase shift could allow overshoots to overmodulate the transmitter.
This overshoot problem would be aggravated by pre-emphasis.

In closing, I urge you to look at both the NRSC report and the Harrison
Klein report. Familiarize yourselves with NRSC's proposal and help clean up
the AM band. I would also urge the NRSC to seriously consider reducing the
amount of pre-emphasis immediately, or at the yearly review periods. The
revelation that many AM stations are trying to use pre-emphasis in excess of
75 uSec and that NRSC is suggesting the 75 uSec curve as a method of reducing
the amount of pre-emphasis commonly being used was apalling to me. If your
station is using excessive pre-emphasis, spend time thinking about how much it
is hurting other stations which are not in your market and just how much it is
deteriorating your own signal because of the distortion which is generated in
your processor and in your transmitter.
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THE ROLE OF A ROUTING SWITCHER IN A RADIO STATION

Charles W. Kelly Jr.

Sales Manager, International Tapetronics
3M Broadcast and Related Products Department

Bloomington, IL

Radio is changing. 1In the past 5 years it has
become more competititive, more dynamic, and more
responsive. Stations are being sold and moved, with
formats and calls changing almost daily. A multitude of
new programming sources are finding their way into our
facilities, from satellite channels to remotes and call
in shows. These changes are resulting in changes in the
way we as engineers work as well.

In the past, when a studio was remodeled, or built
from the ground up, the engineer developed the
configuration of the new studios by analyzing the
station or AM/FM combination and its format and
projecting future needs. The new station may not
change appreciably for 5 to 10 years. This process
often fails today as the format may be changed before
the construction project is complete. What is needed is
a method which allows fast and easy reconfiguration of a
station.

When the television industry faced a similar
problem of mushrooming sources and changing requirements
some years ago, they turned to a technology pioneered by
the phone company, routing switchers. These electronic
marvels can switch our telephone calls quickly and
accurately, from millions of phones in use worldwide.
This development revolutionized the telephone business,
and the operator with her rows of plugs and jackfield
are gone forever. In television, the switcher also
changed the business, and allowed tremendous flexibility
and complexity with a minimum of confusion and error.
Hundreds of input sources like cameras and consoles are
switched to hundreds of output destinations like
monitors and VTR's.
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What is a routing switcher ?

Basically it is a group of switches arranged such
that any input may be connected to any output or group
of outputs. The manner in which the switches are
arranged is often known as a matrix. A matrix can be
visualized as a rectangle, with the inputs connected to
the vertical side and the outputs along the bottom.
Where the lines cross is known as a crosspoint, the
actual switch. This crosspoint may either be open or
closed, and thus any horizontal line (input) may connect
to any vertical line (output). The number of switches
required by any switcher is equal to the number of
inputs multiplied by the number of outputs. As shown in
Figure 1, the rest of a routing switcher merely augments
this basic matrix.

VARIABLE GRIN CROSSPOINT MATRIX

INPUT ARMPLIFIERS
INPUT i :
O—i-—{ ﬁ INDIVIDURL
méur D | | crossPoINT
InNeuT ) Jr#’
M o—— > E
| FIXED GRIMN
T o> ¢ QUTPUT AFPLIF IERS
/’/’ ———{f;oaﬂﬂnl
MASTER
CONTROLLER ——{>—ooutPuT 2
L— >0 ouTPUT 3
REFOTE L > —oouTPuT 4
CONTROL ! {>o ouTPUT 5
REMOTE {>——ooutpPuT &
CONTROL 2 {>o outPur 7
FIGURE 1.



In stereo systems, the mono matrix is doubled, so
that a left and right matrix exist, and they are
switched in parallel by the controller. This
configuration, shown in Figure 2 is ideal for all stereo
systems, but radio stations seldom are totally stereo.
Even in FM stand alone operations a considerable number
of mono inputs often exist such as phone 1ines and
remote news RPU's. When it is necessary to connect a
mono input to a stereo dual matrix, the input must be
connected in parallel to both the left and the right

matrices. This problem gets worse in AM/FM combination
facilities.

INPUT 1L f R
2L
3L
4 MONO \
1L 2L 3L 4L SL 6L 2L BL 9L 1@L CONTROL
IR ‘T "
R | INPUT | L/R -> OUTPUT 6 LR
3R INPUT 4 MONO -> OUTPUT 8 L/R
4 MONO

IR 2R 3R 4R SR 6R 7R 8R 9R 1R

FIGURE 2. STANDARD STEREO DURL MATRIX

A more efficient and flexible system is shown in
Figure 3. Known as "Wild Audio” it is a combined
configuration of the left and right matrices into a
single matrix. With this matrix, mono inputs need only
be connected once, and the controller is programmed to
route the mono input to both left and right outputs when
connection to a stereo output is desired.

INPUT 1L —d =
IR S S
2L
2R INPUT 1 LR = 3 LR
' INPUT 3 MONO -> 5 MONO
3 MONO— N INPUT 4 MONO -> 6 L/R
INPUT 1 L/R => 1 L/R
4 MONO —
W ¥
SR
sL \_
& moNo CONTROL
IL IR 2L 2R 3L 3R 6L 6R

ONOW &
ONOW 1

FIGURE 3. WILD AUDIO
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The technology of the actual crosspoint switch is
very diverse. Many smaller switchers employ relay
switches, and some of those are magnetically latching.
The advantage of this approach is that if a power
failure occurs, and the system is passive (without input
or output amplifiers), the audio will still be routed to
the proper outputs without interruption. Other active
switchers employ various semiconductor switches in the
crosspoint. A key feature to look for with active
crosspoint switchers is non-volatile memory, assuring
that, on power-up, the crosspoints will be in precisely
the same configuration as they were when the power went
off. 1In the past few years, Field Effect Transistor
switches have become popular due to their high
reliability and good audio performance. Some
manufacturers have integrated the crosspoint circuitry
into large scale integration or hybrid circuits to
reduce size.

In many switchers, input amplifiers before the
matrix isolate the inputs and provide gain adjustment.
Maximum dynamic range is assured in a system where all
inputs are adjusted to a standard level. Most modern
switchers provide a balanced, RF protected, variable
gain input. If the variable gain input can accommodate
a wide enough range, most of the distribution amplifiers
in the facility may be eliminated.

Following the matrix an output amplifier is
required to prevent the loading of any output from
changing the level of any other output being fed from
the same input. Generally these output amplifiers also
provide balanced outputs capable of driving the levels
and loads common in radio today.

The most complex and potentially the most
beneficial component in the switcher is the Master
Controller. This module, as its name implies, is
responsible for controlling all of the matrix switches,
and thus the signal flow in the station. The benefits of
the Master Controller come from the intelligence and
remote control the unit provides.

The Remote Controls are the operator interface to
the switcher. They allow the operator to select the
inputs which will be routed to the outputs in his
studio. There are many types of remote controls
available, ranging from simple thumbwheel switch
assemblies to intelligent alpha-numeric displays with
Plain English readout of the selected inputs. The
selection of the remote controls is an important one, as
operators generally have a difficult time understanding
traditional patch bays, and the remote control becomes
an ideal opportunity to select an alternative which
significantly reduces the confusion and errors on air.
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There are many methods of accomplishing the remote
control connection to the master control. Some units
require a coaxial cable or a multipair cable carries a
BCD logic signal, while others utilize existing twisted
pair audio cable.

Most switchers offer redundant power supplies which
automatically back each other up in the case of a
failure. A good idea is to have these supplies fed from
different phases of station power, assuring the switcher
will remain operational if a phase is lost.

How do I use a Switcher in my station ?

A routing switcher is most effective when it is
connected to all inputs which are used in more than one
studio or by than more than one output. Typical inputs
and outputs from a switcher are shown in Table 1-1. 1In
this way, the switcher replaces all distribution
amplifiers and recorder input selectors, most patch
bays, and reduces considerably the need for large and
complex consoles as well as minimizing the amount of
station wiring needed. Not all patch bays are normally
replaced, as the most critical circuits usually are
backed up via patch bays in order to reduce the chance
of a system failure.

TYPICA. SWITCHER INPUTS
NETWORKS
LOOPS
REMOTE PICKUP UNITS
TELEPHONE INTERFACES
CONSOLE OUTPUTS (BOTH PROGRAM AND RUDITION)
AIR MONITORS

TYPICAL SWITCHER OUTPUTS
CONSOLE INPUTS
REEL TO REEL AND CARTRIDGE RECORDERS
TELEPHONE FEEDS
PROGRAM DIRECTOR/ NEW DIRECTOR OFFICES
TECHNICAL SHOP
TRANSMITTERS (PRIMARY AND BRACKUP)

TABLE 1-1.



As opposed to conventional patchbay and
distribution amplifier wiring methods, the switcher is
easily expandable. If a new satellite dish appears in
the back yard, the switcher grows with the addition of
an input amplifier and matrix elements, instantly
providing the new source to all outputs in the station.

Generally, the switcher is located in the main wire
room, where all the cables are run from the various
studios and where the telephone demarcation blocks are.
This minimizes the wiring needed to add new inputs to
the system. Methods of connection to switchers range
from simple connector blocks to various connectors and
even umbilical cables to punch blocks or "Christmas
trees". It is advantageous to employ a connection
scheme which facilitates quick additions of inputs and
outputs while providing identification of the wires and
terminals.

What can an intelligent Switcher do for me ?

Many of the new generation of switchers are
intelligent, in that they are capable of doing more than
simply making a crosspoint change in response to a BCD
remote control. These features allow a tremendous
advance in the control, flexibility and efficiency in
today's radio stations.

One of the most powerful functions is the Salvo. A
salvo is a list of instructions to the matrix which can
be executed automatically, and nearly simultaneously.
These instructions allow a reconfigquration of a studio,
for example, from a music show to a sports program.
These types of changes can be quite extensive, and a
single errant patch cord can often ruin a program. With
the salvo function, the reconfiguration can be memorized
by the switcher, and may be invoked at any time.

Many Switchers include a clock / calendar which,
when used with pre-programmed salvos may cause changes
to occur at certain times and/or days. For instance, if
a particular program always occurs at a particular time
on Saturday afternoon, the switcher can memorize the
configuration and time and automatically reconfigure the
studio at the proper time, as well as memorizing the
configuration for the program which follows to allow a
return to normal programming when the ball game is
finished. Usually, many salvos may be stored, the total
number depending on the amount of storage each requires.
This preprogramming may be done at any time, reducing
the need for the engineering department to be on hand
during a particular program.
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Salvos may also, in some systems allow automatic
control of a function called "Machine Control". This
function consists of a number of relay or opto-isolator
contacts under control of the switcher. These may be
used to start a recorder to record a particular program
at a certain time, or cause any other action which is
remotely controllable by a contact closure.

Conclusion

The Audio Routing Switcher represents a technology
which can be used to significant advantage when new
design and construction is planned. It often is more
cost effective than the traditional patch-bay and
distribution amplifier method, and allows considerable
flexibility in both day to day operations as well as in
the changes and growth normal in today's radio.
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AUTOMATIC AUDIO TIMEBASE CORRECTION

By Kristi Urquidi

Senior Engineer, Howe Technologies Corporation

Abstract

Stereophonic television/video production, duplication, and
transmission are prone to the occurence of unintentional time
delay errors between stereo channels. These errors shift the
apparent spatial location of the stereo image and may seriously
degrade the monaural frequency response. The cross-correlation
technique of phase error measurement and correction is
discussed. Sources of time delay error are identified and an error
correction device which operates automatically in real time and its
applications are described.

Introduction

With the advent of CD's, laserdiscs, and VHS HiFi, broadcasters of stereo
television and radio programming are compelled to provide audio material of
comparable quality. A serious but often overlooked problem is that of
interchannel time delay errors. When stereo signals are mixed into mono,
severe frequency degradation can result if spurious time delay errors are not
first corrected. Because most viewers listen to stereo material on monaural
receivers, the market impact of substandard transmission and reception can be
significant. The problem of mono capatibility therefore becomes a serious
economic issue.

As stereo television gains momentum in the industry, the problem of
differential time delay error must be addressed. It has been shown that
cross-correlation is an effective technique of measuring interchannel phase
error in stereo audio signals. Proprietary circuitry based on cross-correlation
allows real-time correction of time delay errors, providing mono compatibility
without compromising the accuracy of the original stereo image.
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Time Delay

When, in a stereo audio signal, an unintentional differental time delay is
introduced and the signals remain discrete, the apparent stereo image shifts
away from the delayed side. Time delays less than 50 microseconds produce
image errors which are almost negligible. Delays greater than 100
microseconds begin to yield perceptible image shifting. When the two signals
are summed into mono, however, relatively short time delays (from 10 to 100
microseconds) lead to audible artifacts. This is due to the comb filter effect,
which produces a number of null points in the frequency response spaced at
regular harmonic intervals, where the first null occurs at a frequency havmg a
period equal to twice the delay.

For example, assume that channels "A" and "B"carry signals composed of
five separate tones at 1000 Hz, 2000 Hz, 3000 Hz, 4000 Hz, and 5000 Hz. Let 1000
Hz be the fundamental frequency, with the next four tones being the second,
third, fourth, and fifth harmonics. (Refer to Figure 1.)

Channel B has been delayed in time by delta t, 500 microseconds (half the
time required for the 1000 Hz tone to complete one cycle). As shown in Figure 1,
the 1000, 3000, and 5000 Hz signals on channel B have been shifted such that they
are inverted images of the corresponding signal on channel A. This phase shift,
which is 1809, should not be confused with a polarity reversal, however. If
channels A and B were summed to form a monaural mix, the net result would
be a complete cancellation of the fundamental and the higher order odd
harmonics. The higher order even harmonics remain phase coherent
(although boosted in amplitude by a factor of two); this yields the comb filter
effect. Other non-harmonic signals would be attenuated by intermediate
amounts, depending on the frequencies. As the differential time delay
increases, the periodic amplitude nulls will be located at progressively lower
frequencies in the audio spectrum.

Detecti 1C tion of Time Delay E

Given a stereo audio signal, the relationship between the left and right
channels can range from non-correlation to complete correlation (equivalent to
mono). It has been found that the correlation coefficient falls between these two
extremes, and in fact has a value approaching 1.0. It is this significant
proportion of correlated material which leads to the listener's perception of a
stereo image.
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It has also been found that well-produced audio has a stereo image which
is, on the average, balanced around a spatial center point. These two factors--a
high degree of correlation and a balanced stereo image--provide the basis for the
error detection and correction scheme.

By using a negative feedback loop topology sensitive to interchannel time
delay errors, a correction factor can be derived and applied to restore the original
time relationship between the channels. Extensive studies have shown that a
full spectrum cross-correlation can often lead to unsatisfactory results.
Therefore, the input signals to the cross-correlator are precisely band-limited
and amplitude controlled. In addition, a proprietary 'window of zero correction’
circuit accurately discriminates between normal stereo phase fluctuations and
constant systematic time delays: the stereo information is left intact.

Circuit Descrinti

The negative feedback loop signal is produced by a standard analog
cross-correlator circuit, followed by the proprietary 'window of zero-correction'.
The output of the cross-correlator, representing the instantaneous phase
difference between the input channels, drives a pair of integrators (with
different time constants) operating in parallel (see Figure 2).

When the output of the fast integrator exceeds the threshold of the window
of zero correction, the time delay control signal changes the amount of applied
correction very rapidly, such that almost all of the error is eliminated. Just
prior to achieving complete correction, the fast integrator is automatically
disabled, thus preventing any overshoot or ringing. The slow integrator then
fine tunes the control signal, gradually removing the small amount of
remaining time delay error.

The time constants of the two integrators have been selected so that the
phase fluctuations inherent in a normal stereo signal (which give the signal its
apparent "width") are not affected. This design allows rapid correction of
large-scale time delay errors without compromising the original signal's
integrity. In addition, the time delay networks have been designed so that the
correction applied is a linear function of the control signal, providing a
convenient means of monitoring the error in real time.

Ariliats

The various pieces of program material which make up the final audio
tracks of a film or videotape--background music, dialog, sound effects, etc.--must
pass through several complex systems before the final product reaches the

consumer. Time delay errors can potentially occur during any stage of this
process.
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And, as these errors are cumulative, the resultant program material may
become both phase incoherent and mono incompatible. In order to maintain the
original phase relationships throughout this process, it is essential that audio
timebase correction be effectively applied in all aspects of the audio-for-video
chain: production, post-production, duplication, and transmission.

Production and Post-Production

During the original production and recording of a program's audio
"components" listed above, time delay errors can be introduced by such factors
as poor microphone placement technique, the utilization of low quality
pre-amplifiers and mixers, and improperly configured signal routing
equipment.

Throughout the subsequent production and post-production activities, each
of these audio components may be re-recorded numerous times. Whenever
audio signals are transferred from one recording medium to another, however,
various types of interchannel time delay errors are inevitable.

Magnetic tape systems are particularly susceptible to these types of errors.
Three examples of their possible cause are: (1) the wide variations which exist in
the tape head azimuth and pole piece gaps from one analog tape machine to
another; (2) head alignment techniques which differ from one engineer to
another; and (3) the lack of correlation between the phase relationships of the
"leader” alignment signals on a tape and the program material which is
subsequently recorded on the same tape.

Furthermore, when multi-channel program material is mixed down from
multiple sources, it is possible to mix the time delay errors as well: this results
in an uncorrectable problem. It is only by correcting such time delay errors
prior to the mixdown that such unresolvable problems can be prevented. The
simultaneous mixing of sound effects from various mag tape machines, for
example, can result in the "layering” of unrelated time delay errors on the
master tape.

In addition, because the components of a final program are often produced
and assembled at different locations and on different equipment, it is possible to
have the overall time delay error change at the various splice points. A
cross-correlation correction device that detects and corrects these errors in real
time is necessary to insure that the final program material is consistently phase
coherent and mono compatible.



Duplication

Once a final audio mixdown has been completed and transferred to the
master, duplication for distribution is performed. The same causes of time
delay errors which plague the production and post-production stages also affect
the duplication process.

In order to produce high quality, phase coherent transfers, it is necessary
to align the source machine properly for each new master tape. Since tape head
alignment is subject to both misadjustment and mechanical drift, even regular
calibration is often not enough. The installation of a cross-correlation correction
device between the source and the duplication machines is an insurance policy
to minimize these errors, improving the overall quality of the copies.

Transmission

Unlike duplication facilities, broadcasters are particularly vulnerable to
errors not of their making; they do not have the time to calibrate the station's
playback equipment individually for every program aired (especially if it's a live
program feed). Even if strict engineering practices are upheld and adjustments
are performed regularly, time delay errors may have already been introduced
during the production, post-production, and duplication of the programs.
Unfortunately, broadcasters have very little control over the integrity of any
program material not created in their own facility.

Discrete stereo transmission requires two parallel audio paths, having
identical electrical characteristics, so any program materials received via
satellite or STL's should also be monitored for time delay errors. If the
processing electronics for either path introduces any time delay errors, phase
coherence and mono compatibility of the signal which reaches the viewer will be
degraded.

In either case, the proper installation of a real-time error correction device
in the audio chain will minimize the negative effects of the ever-changing time
delay errors inherent in the various programs transmitted!

It should be noted that frequency dependent differential phase shifts
appear to the correction device as continuously varying time delays. An
example is the output of a comb-filter based stereo synthesizer. It is therefore
recommended that the correction unit be installed in the audio chain prior to
any such device.



The Consumer

With the audio consumer's increased level of sophistication, the
importance of improving the quality of the transmitted signal to the millions of
monaural television sets around the country is obvious.

Further, with the proliferation of MTS stereo television transmission and
reception equipment, consumers are becoming more discriminating in their
appreciation of quality audio program material. Accurate reproduction of the
audio signal at the consumer end is crucial....the early detection and correction
of time delay errors will insure proper stereo imaging, thereby maintaining the
artistic intent of the program's original producer.

The television consumer does not live by bread alone, however: the
influence of the motion picture industry on his awareness of quality audio
cannot be discounted. In particular, the Surround Sound system (developed by
Dolby Laboratories), has had a significant impact on the consumer's
appreciation of multichannel audio and its enhancement of the audio/visual
"experience".

As Surround Sound audio enters the home environment on videotapes,
laserdiscs, and broadcast television, the consumer will come to expect
theater-quality audio with his own equipment. Unintentional time delay errors
in the original program material or the transmission process, however, can
often result in improper decoding of the Surround Sound signal. This often
results in center channel information leaking to the surround speakers in a
severely distorted form. Time delay errors in the phase encoded matrix will be
properly corrected by the time delay correction device, insuring that Surround
Sound program material (1) is mono-compatible; (2) is reproducible in stereo
with no compromise of the audio quality; and (3) that, when decoded, it
accurately reproduces the intended imaging effects of the original multichannel
program material.

Summary

The audio timebase corrector based on cross-correlation provides the ability
to eliminate undesirable time delay errors in the production, post-production,
duplication, and transmission of stereo programs. It has the additional
advantage in its ability to be compatible with, and to correct time delay errors in,
Dolby Surround Sound encoded program material. This device is thus an
indispensable diagnostic and correction tool throughout the television 'and radio
industries in their move toward higher quality audio programming.
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TAPE CARTRIDGE TRANSPORT SYSTENMS:

DESIGN, OPERATION AND MAINTENANCE

Jeffrey H. Steinkamp, P.E.
Broadcast Electronics, Inc.

Quincy, Illinois

INTRODUCT I ON

The tape cartridge transport system is the key mechanical element
of today’s modern cart machine. The purpose of the transport
system for NAB (Natfonal Association of Broadcasters) type tape
cartridges 1is quite simple: support the cartridge and pull the
magnetic tape across the heads at the proper speed.
Accomplishing this task requires knowl edge and technical
expertise in many areas of design. Proper design engineering and
testing of the many components that comprise this system are
paramount in producing a functional, reliable product.

This paper will discuss the design philosophy and specifics of
each of these components. Items discussed include the deck plate,
solenoid, drive cable, drive cam, cross shaft, pressure roller

shaft, pressure roller, motor capstan, cartridge guides and head
box.

The functional operating relationships between these components
that make up the transport system will be reviewed. A free body
force diagram will detail the relationships between solenoid
force, pressure roller force and tape pull force.

And finally, a section covering the proper maintenance of this
system will be included. )

NOTE: A1l of the design, operation and maintenance data discussed
in this paper are in reference to Broadcast Electronic’s new "C"
series tape cartridge transport system.
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COMPONENT DESIGN

Deck Plate - The deck plate (see Fig. 1) is the foundation of the
tape transport system. It is the platform that contains all of
the other assembled components. The deck must be strong, stable,
vyet simple in design. It must functionally position the right
hand cartridge guide, the head box, the pressure roller and motor
capstan in accordance with NAB specifications. Proper placement
of these ftems will assure workable interaction with NAB designed
tape cartridges. To maintain the critical locations of
components, the deck must be correctly dimensioned and tightly
toleranced. Tolerance levels of +/- .002" are quite common. The
best materfal for deck design is .500" thick aluminum tool plate
(6061-T651 Type 200) which has excellent strength, stability and
surface flatness characteristics. To maintain proper
perpendicularity between the deck surface and the motor capstan,
a high degree of flatness and parallelism must exist between both

the top and bottom surface of the deck. Readings of only .005"
TIR (Total Indicator Reading) for both flatness and parallelism
must be maintained. The top surface roughness of the deck should
not exceed 32 microinches (1 microinch = .000001 inch) with a lay
or graining direction parallel to the motion of cartridge
insertion. This extra smooth surface finish eliminates

unnecessary wear on the plastic-bodied tape cartridges. To help
protect this smooth finish, the deck should be clear anodized to
the MIL-A-8625 specification. Anodizing is an electrochemical
plating process that hardens the surface of aluminum, gives
fncreased corrosion resistance and preserves aluminum’s original
aesthetic appearance. As with all components, the deck must be
closely inspected by the Quality Control department to guarantee
100% adherence to all design parameters.

Solenoid - The purpose of the solenoid (see Fig. 1) in a tape
transport system 1is to supply motion to the drive cam and cross
shaft to rotate the pressure roller into position against the tape

and motor capstan. There are two major components of a solenoid,
the body and plunger. The body contains the electromagnetic coil
and should be of sturdy design with a non-corrosive zinc or
cadmium plated finish. The body should have adequate means to
aid {in mechanical mounting of the solenoid. The plunger should
be coated with a Teflon based low friction finish (Impreglon #218
or equal) to assist in repeated smooth operation. A tapped hole

located 1in the face of the plunger is required to mechanically
attach the cross shaft drive cable. Equally spaced holes around

the circumference of the exposed end of the plunger will aid in
rotating the plunger during final adjustment. The solenoid
converts DC voltage into 1inear motion of the plunger by the
creation of a magnetic field within the body of the solenoid.
Solenoid performance is best described graphically (see Fig. 2)
fn terms of stroke/force/voltage curves. For any given solenoid,

the force at the plunger varies with stroke position and applied
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voltage. The stroke measurement 1{is defined as the plunger
distance out from the fully seated or bottomed position.

Internal or coil temperature can have a weakening effect on
solenoid performance. As the coil temperature increases, so does
the c¢oil electrical resistance. This increased resistance will
result in lower current flow for a constant voltage level. This
decreased current will decrease the force performance of the
solenoid. To overcome the effect, the use of a constant current

supply to the solenoid and adequate thermal dissipation and
ventilation are required.

Solenoids in tape drive systems must not only be strong pulling

but also quiet in operation. To slow down the fast moving
plunger, an adjustable air dampening device s mounted to the
rear of the solenoid. Dampening adjustment of the solenoid

allows the drive system to be adjusted within the NAB
specifications for transport start and stop times and yet be
quiet in operation.

Although stroke/force/voltage performance will vary from solenoid

to solenoid, a tight quality control program with sample testing
will prevent many problems.

Drive Cable - The element that transfers the linear force from the
solenoid plunger to the drive cam is the cross shaft drive cable
(see Fig. 1). This 1linkage must be strong, flexible,
| ightweight, adjustable and non-magnetic. The use of a .046"
dia. 7 x 19 stainless steel cable with an attached threaded brass
stud meets all of these requirements. The maximum impact tension
force for this cable in actual use would be 27 lbs., well below
the cables breaking strength of 270 1bs. (Factor of Safety

10:1). Cable of 7 x 19 construction (7 strands of 19 wires each)
is wused where flexibility and good resistance to wear is
required. Successful life testing of this cable to over 2 million
cycles indicates that fatigue failure is not a problem. The
lightweight design of this cable at .006 #/ft. versus miniature
chain ltink at .094 #/ft. is beneficial in faster start times due
to lower mass inertia. Cable drive systems are also much quieter
than the rattle of chain driven designs. The brass threaded

portion located at the end of the cable allows mechanical
attachment to the solenoid plunger and prevents the conduction of
any magnetic flux to the rest of the system. At mid-span of the

cable is a swaged brass ball or bead that will fit into a socket
on the drive cam. This ball-socket arrangement allows the cable
to grip the cam. At the other end of the cable is a lug that

accommodates the return spring.

Drive Cam - The function of the cross shaft drive cam (see Fig. 1)
is to convert the .80 inch 1inear movement of the solenoid
plunger/drive cable to rotary motion of 105 degrees. The cam
shape, which is basically a8 wheel with an offset center hole,
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allows the trade of f of slightly more linear motion of the
solenoid for increased leverage on the cross shaft. This
mechanical advantage allows for more pressure roltlter indentation
and improved tape pull.

The drive cam s manufactured from Delrin 500 thermo plastic.
Delrin acetal resins are homopolymers that possess the needed
characteristics of strength, rigidity, resilience and resistance
to creep, high fatigue endurance, resistance to repeated impact,
low static and dynamic friction, with resistance to most solvents
and chemicals. Lightweight design and good cosmetics are also an
added plus for Delrin material. As with the drive cable, the
drive cam has been cycled over 2 million times with nearly
undetectable amounts of wear.

Cross Shaft - The cross shaft (see Fig. 1) transmits the rotary
motion and torque from the drive cam to the pressure roller shaft.
This rotation of 105 degrees brings the pressure roller up into
posfition to engage the tape and motor capstan.

Material selection 1{is critical in the design of the cross shaft.
Non-corrosive, non-magnetic Type 303 stainless steel rod that has

been centerless ground and polished is the best choice. Grinding
the diameter to a tolerance of +/- .0005" with a surface finish
of 8 microinches is essential. The tight toleranced diameter
will assure wobble-free fit into the equally precise hole in the
deck plate. Addition of silicon grease lubrication in tandem with
the extremely smooth polished finish will result in a low

friction, non-binding operation.

Pressure Roller Shaft - The purpose of the pressure roller shaft
(see Fig. 1) fs to support the pressure roller on the cross
shaft. This shaft must mechanically locate the pressure rolter
off the surface of the deck plate {in accordance with NAB
standards. These dimensions must be held precisely so the
pressure roller will rotate up through the cartridge key hole and
engage the tape properly.

Due to the high velocity rotation and resultant impact of the
pressure roller against the motor capstan, the pressure roller

shaft must be able to withstand high stress loading. Stainless
steel fs again the choice because of its high strength, good
ductility and non-corrosive properties. Adequate care should be
given 1In fabrication of this shaft to use generous radius in all
machining to eliminate unwanted stress concentrations. The
bearing area of the pressure roller shaft should be ground to a
diametrical tolerance of +/- .00025" with a polished surface
finish of 10 microinches. The purpose of this grind and polish is
two fold: one, to produce a low friction interface with the

pressure roller bearing; and two, provide a tight bearing fit to
prevent unwanted movement and resultant tape speed fluctuations.
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Other features in this design include wrench flats or hex body to
facilitate installation or removal of the shaft. A snap ring on
the top end of the shaft allows for quick and easy removal of the
pressure roltler if required.

Pressure Roller - The pressure roller (see Fig. 1) rotates wup
through the keyhole in the cartridge. It pinches the tape
between itself and the rotating motor capstan which causes linear
movement of the tape. During normal operation, the motor capstan
drives the pressure roller and the pressure roller in turn pulls
the tape. Tape sl|ippage occurs when the force required to pull
the tape from the cartridge exceeds the force created by the
pressure roller and motor capstan. At this point, the pressure
roller and tape cease moving even though the capstan may continue
to rotate. Tape pull is directly related to pressure roller
indentation against the capstan for a given pressure roller
design. More discussion of this relationship will be presented
later in this paper.

The pressure roller consists of three parts, the roller, the
bushing and the bearing. The roller material is polyurethane
which 1is a copolymer thermoplastic elastomer. Polyurethane is
the ideal selection for the roller because of the following
characteristics: outstanding wear, flex and tear resistance, high
resflience, good elasticity, very slow aging and resistance to
most solvents and chemicals. After casting or molding, the
surface must be ground to a 32 microinch finish for good adhesion
to the tape. Durometer readings, which measure the hardness of
elastic products, must be tightly controlled. The outside
diameter is heid to +/- .003" to prevent unwanted elliptically
shaped parts. The natural clear transparent color of urethane is
selected to aid Quality Control inspection of any internal air
pockets, voids or defects.

The urethane roller is permanently bonded to the aluminum bushing
during the casting/molding process. The bushing is the interface
between the roller and the bearing. The inside diameter of the
bushing must be held with tight tolerances of +/- .0005" to
provide a snug fit between the bushing and the bearing.

The bearing used in the pressure roller is a non-metallic, self-
lubricating type fabricated from Turcite material. Turcite is a
PTFE (Polytetrafluoroethylene) thermoplastic based product.
Turcite bearings have excellent wear resistant properties, | ow
friction, low creep, good pressure/velocity bearing performance
and are impervious to most chemicals.. This material was selected
because of its selflubricating and quiet running operation.

Pressure roller fabrication is very critical in the performance of

the tape cartridge machine. An improperly balanced pressure
rollter will play havoc with tape speed specifications. To solve
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this problem, it is mandatory that the completely assembled
pressure roller system (roller, bushing, bearing) be match
machined to maintain precision concentricity (.002" TIR) between
the roller outside diameter and the bearing inside difameter.

Motor Capstan - This paper will limit f{tself to Jjust the
mechanical aspects of the cart machine motor namely the motor
capstan (see fFig. ). Precision shaft diameter is critical to
maintain constant tape speed. A diameter tolerance of +/- .0001"
fs required on the stainless steel non-magnetic shaft. This
shaft must be sandblasted and then hard chromed to just the right
finish for proper tape pull performance. Not only is the static

diameter of the shaft critical, but the shaft when rotated cannot
wobble by more than .00015 inches. Just as in the case of the
pressure roller, this rotating trueness fs important to good cart
machine performance.

The position of the motor capstan relative to the deck plate must
be as near perpendicular as possible. Specifications on the motor
drawing should call out for shaft to mounting block angular
dimensions of 90 degrees +/- .25 degrees. As discussed before,
the flatness and parallelism of the deck plate is key to proper
component assembly of the motor and deck.

Incoming quality control of the motor to sort out any damaged or
out of specification motor capstans is essential to producing a
quality product to the customer.

Cartridge Guidance System - The tape cartridge must be exactly
positioned on the deck plate to result in top performance. This
positioning is the function of the cartridge guidance system (see
Fig. 1). As the cartridge is placed in the mouth of the cart

machine, the cartridge must be positioned firmly downward on the
deck and also sideways against the right hand cartridge guide.
The insertion of the cartridge is of course stopped by the head
box main frame. These three bench marks, namely the deck plate,
righthand cartridge guide and head box main frame, are
specifically located by NAB code and cannot be violated.
Pressure pads supply the downward force and can be adjusted for
optimum drag for NAB type cartridges. The spring on the left
hand cartridge guide forces the tape carrier to the far right
during insertion.

The aluminum material wused in the manufacturing of the left and
right hand cartridge guides is adequately strong and is black
anodized (MIL-A-8625) for increased wear resistance and cosmetic
appearance. The pressure pads are molded from black Delrin S00, a
plastic material of low friction coefficient and high abrasion
resistance (see drive cam material).



Head Box - See paper titled: "PHASE LOK V HEAD BOX ASSEMBLY:
DESIGN, OPERATION, ALIGNMENT AND MAINTENANCE" By Richard L.
Anderson, Broadcast Electronics, Quincy, IL.

SYSTEM OPERATION

The purpose of the tape cartridge transport system is to correctly
guide an inserted NAB cartridge in to position, rotate the
pressure roller up into place against the motor capstan and pull
the magnetic tape across the heads located in the head box. After

pressure roller rotation, the system must reach a point of
equallibrium. This balanced condition can best be described by
the use of a free body diagram (FBD) (see Fig. 3). As in every
free body diagram, the summat ion of all forces and moments
(torques) must equal zero. In the diagram of Fig. 3, only the
total moments about the cross shaft (Mcs) will be of concern.
Thus:

Mcs = (Fs)(L1) - (Frs)(L2) -~ (Fpr)(L3) =0

Where: Fs Force Of Solenoid (1Ibs.)

Frs = Force Of Return Spring (1bs.)

Fpr = Force On Pressure Roller (l1bs.)

L1 = Distance From Fs To Cross Shaft Center Line (in.)
L2 = Distance From Frs To Cross Shaft Center Line (in.)
L3 = Distance From Fpr To Cross Shaft Center Line (in.)

Knowing Frs, Ll, L2 and L3 for the "C" series design, one can
solve for Fs and Fpr. Those results are presented in Fig. 4.

It is quite obvious that the amount of pressure roller force (Fpr)
is directly related to solenoid force (Fs). As solenoid force
increases, so does pressure roller force. As pressure roller
force increases, the urethane roller is pressed tighter against
the motor capstan. This force causes increased indention of the
pressure roller. This force versus indentation is well defined
for a given urethane pressure roller with fixed diameter, height
and durometer (hardness). Likewise, as the indentation increases
on the pressure roller, the ability to pull tape also increases.
This tape pull force (Ftp), pressure roller force (Fpr) and
roller indentation relationship can be reviewed in Fig. 5 with
the actual numerical results in Fig. 4.

So far, only the mechanical aspects of the pressure roller
indentation and tape pull have been discussed. In reality,. an
optimum indentation must be determined in regards to wow/flutter
readings. With too 1little indentation (less than .010") tape
sl ippage occurs, with too much indentation (greater than .020") an
unwanted rotating lumping action occurs. Thus, the ideal
compromise between good tape pull and low wow/flutter readings is
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near the .015" indentation point. Therefore, the tape transport
system must be designed to stabilize at this point of
equilibrium.

Adequate tape pull is a controversial topic for today’s
broadcaster. With the recent introduction of HOLN (high output,
low noise) lubricated tape in NAB cartridges, the ability to
successfully pull these tapes is in question. Due to these so
called "hot" tape’s smoother surface, lower coefficient of
friction and tendency to pack tighter, it requires additional
force to pull these tapes out of the cartridge. The "C" series

tape transport system was especially designed to be strong
pultling without affecting tape speed. At the indentation value

of .015", a tape pull of 1.0 lbs (16 oz) is accomplished. From
extensive testing of NAB cartridges with "hot" tapes, this 1.0 1b
pull capability of Broadcast Electronic’s system is comfortably

sufficient.

SYSTEM MAINTENANCE

The three goals of maintaining any piece of equipment are: keep it
clean, keep it oiled and keep it adjusted. These goals are quite
appropriate for the tape transport system.

Scheduled housecleaning of the system should be standard procedure

for every cart machine owner. The overall system should be kept
free of dust, dirt and foreign contamination. The motor capstan
and pressure roller should be cleaned daily with isopropyl
alcohol to remove all traces of tape oxide or tape lubricant.
Use of a clean cloth or Q-tip is recommended. Periodic cleaning
of the inside diameter of the pressure roller bearing with
isopropy! atcohol, although not required, is beneficial to

increased bearing life.

Since all of the components needing lubrication are either factory
greased or self-lubricating, the "C" series system is essentially
maintenance free. For instance, the motor contains permanently
lubricated ball bearings and the Turcite pressure roller bearing
is self-lubricating. The cross shaft is factory lubricated with
silicone based grease and the drive cable is pre-oiled. The
teflon based coating on the solenoid plunger likewise requires no
additional maintenance.

Proper adjustment of the tape transport system is essential to

good, reliable performance. At times, periodic adjustment may
become necessary for the cartridge guidance system, pressure
roller/motor capstan and solenoid setting. Refer to the

technical manual for instructions and gaging information.




CONCL USIONS

Proper design, operation and maintenance of a tape cartridge

transport system is critical to a successful broadcasting
organization. The cart machine manufacturer must apply sound
fundamental engineering principles to the design. Broad
knowledge of mechanisms, statics, dynamic motion, material
selection, and manufacturing technique are Just a few of the
specfalizations needed. Mixed in with all this theory must be a

foundation of common sense and a commitment to a quality product.

The cart machine owner must understand the operation and
maintenance requirements of his own unique system in order to
produce a cost effective yet quality signal to the listener.
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AUTOMATIC PHASE CORRECTION FOR TAPE CARTRIDGE MACHINES

BY:

James R. (Rick) Carpenter
Manager of Audio Engineering
Broadcast Electronics, Inc.

Quincy, I1linois

Time delay (phasing) errors between the left and right channels in
stereo tape cartridge machines causes erratic high frequency loss and
other compatibility problems when the channels are "summed" to monaural
either before transmission or within a monaural receiver tuned to a
stereo broadcast. These problems are created by azimuth errors between
the playback head gap and the material recorded on the tape. The common
causes of azimuth errors are head misalignment, gap scatter and the time
dependent variations of the tape cartridge and its related tape guidance
system.

Presently used cartridge machine phase correction systems use a one
time alignment during recording to correct for an average phase error
value. This average correction only partially addresses the problem
since the amount of correction needed changes as the tape cartridge mech-
anism revolves. Real time correction is required to completely correct
phase errors. Stand alone systems are available to correct for phase
errors, but they are expensive and require encoding of a reference signal
on each tape.

This paper describes a technology that corrects phase errors in real
time during tape motion without the encoding of a reference signal.

Limits Of Performance

In order to set the design limits of the correction circuits, the
performance limits of the tape cartridge medium need to be defined. The
parameters that we are most interested in are azimuth error and its
effects, signal-to-noise, frequency respense, separation and distortion.
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Azimuth

Azimuth refers to the head gap orientation with respect to the di-
rection of tape travel. Absolute azimuth denotes that the head gap is
perfectly perpendicular to the direction of tape travel as shown in

Figure 1.
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Figure 1. Absolute Azimuth Figure 2. Relative Azimuth Error

Relative azimuth error depends on the difference between the azimuth
of the material recorded on the tape and the azimuth of the playback head
as shown in Figure 2. Relative azimuth errors cause two problems in tape
cartridge machines. The first is a non-recoverable loss of high fre-
quency information during playback. Figure 3 shows the amount of high
frequency loss versus relative azimuth error according to the formula:

L=20 Tog sin (180 T)/3.14159*T

L= loss in dB

T= tan (A)*F*W/V

A= relative azimuth error (degrees)
F= the frequency of interest (Hz)
W= track width (inches)

V= tape speed (inches/second)

Azimuth errors also cause time delay (phase shift) errors between
the two audio channels. This interchannel time delay can cause image
shift in stereo systems and cancellation of some signal components in
summed monophonic systems. The cancellation effect is most pronounced at
high frequencies because the differential time delay results in a phase
error which increases with frequency according to the formula:
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Pe=360*Td*Fs

Fs is the frequency of interest.
Td is the interchannel time delay.
Pe is the interchannel phase error.

From Figure 3 it can be seen that an azimuth error of 0.5 degrees
causes a 10.5 dB loss at 15 kHz. This is an interchannel phase error of
40 degrees at 1 kHz, which is equivalent to an interchannel time delay of
115 microseconds.
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Figure 3. Loss as a Function of Frequency and Azimuth

This 115 microseconds of delay causes complete cancellation of 4.3
kHz and 13 kHz components in a mono sum signal as shown in Figure 4. The
maximum tolerable system delay error would seem to be less than 16 micro-
seconds. This is equivalent to 90 degree interchannel phase error at 15
kHz (relative azimuth error of 0.07 degrees) which gives a maximum stereo
frequency response loss of 0.15 dB at 15 kHz. The maximum mono sum 10Ss
would then be 3 dB at 15 kHz.
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Figure 4. Summed Monophonic Frequency Response vs. Delay

It is obvious from these figures that the onset of monophonic signal
degradation occurs with much smaller relative azimuth errors than those
which affect the stereo channels only. This information on the amount of
error necessary to degrade the monophonic versus the stereo program ma-
terial sets the necessary time delay correction range. Along with the
typical cartridge machine performance data discussed next, it sets the
boundaries for the performance of the phase correction system.

Signal-To-Noise

The signal-to-noise of a tape machine is determined by the tape type
and operating level. Without some form of noise reduction, an unweighted
S/N of 60 dB below 250 nWb/m pulling tape is achievable at this time.

Frequency Response

The frequency response of a tape cartridge machine is limited by the
amplitude of the lTow frequency contour effects of the head. Newer head
designs provide a frequency response of 1 dB from 30 Hz to 16.5 kHz.
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Distortion

The distortion performance of a tape cartridge machine is limited by
the tape type and the recorded level. Newer tape formulations allow dis-
tortion figures of under 1% at record levels of under 250 nWb/m.

Separation

The separation performance of any tape machine is dominated by the
tape heads. While separation performance of 60 dB is possible at fre-
quencies less than 1 kHz, inductive coupling between the coils of each
channel 1imit the separation performance to the neighborhood of 35 dB at
16 kHz.

In order for the phase correction circuitry to be transparent to the
cart machine performance, it needs to exceed the performance specifica-
tions given below in Table 1.

Phase Correction Performance Minimums

Distortion <0.5%
Signal-To-Noise >70 dB
Frequency Response <#0.25 dB 40 Hz-16 kHz
Separation 260 dB 30 Hz-16 kHz
Correction Range >+115 microseconds

(> +620 degrees at 15 kHz)
Correction Error >+16 microseconds

(> £90 degrees at 15 kHz)
(> %30 degrees at 5 kHz)

Mono Compatibility

As was detailed above, the onset of monophonic signal degradation
occurs with much smaller relative azimuth errors than those which affect
the stereo channels only. Monophonic listeners still form the largest
group of listeners for all broadcasters. According to industry standards
groups, over 90% of AM and TV listeners and 50% of FM listeners regularly
listen in mono.

Compared to the smooth frequency response loss of the stereo channels
with increasing azimuth error, the degradation of the summed monophonic
signal takes on a particularly offensive quality. For example, an inter-
channel time delay error of 50 microseconds totally cancels any 10 kHz
response in the summed signal. The response loss at 5 kHz is only -3 dB
and the signal amplitude also rises again above 10 kHz as shown in
Figure 5.
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Figure 5. Summed Monophonic Response vs. Frequency (50 us)

The objectionable nature of this degradation is due to the fact that
this mid-frequency notch is not normally present in naturally occurring
sound sources.

The time dependent skew of the typical tape cartridge magnifies the
effect of this notch by shifting the notch back and forth in frequency at
a slow rate dependent on the speed of the tape, the cartridge machine
positioning system and the cartridge construction. The notch then audibly
"swishes" up and down in frequency as the tape is played. These consid-
erations require a real time phase correction system to remove all annoy-
ing artifacts from the monophonic signal.

Methods of Phase Correction

There are several available methods to correct phase in cartridge
systems. They tend to fall into two broad categories: encoding systems
and non-encoding systems.

Encoding Systems

Encoding phase correction systems usually inject some type of control
signal onto the tape when it is recorded to define the correct phase rela-
tionship of the right and left channels. The advantage of the encoding
systems is that the correction circuitry can be optimized for a known
reference signal. For example, one system uses a modulated 19 kHz pilot
signal recorded on both audio channels. Another system records left chan-
nel audio on the cue track for a reference.
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While not usually thought of in these terms, a system which uses sum
and difference matrixing techniques is also an encoded system. This pro-
cess uses one channel for sum (L+R) information and the other channel for
difference (L-R) information. Each playback machine must have a decoder
(dematrix) and each recorder must have an encoder (matrix).

When they are actually used, encoded systems usually give the best
phase correction performance. The disadvantage of encoded systems is the
need to encode each cartridge in the system to take advantage of the cor-
rection capability. In order to actually use the correction performance
of an encoding system, the entire cartridge library, all agency spots and
any other cart not recorded with the encoding system must be re-recorded.
Encoding systems also require each playback cartridge machine to have a
decoder assigned to it, which imposes large cost, maintenance and com-
plexity penalties on the entire audio system.

A subset of the encoding phase correction system is a cart machine
system that mechanically adjusts the relative azimuth of the record head
to that of the playback head during a setup procedure. This allows the
machine to correct for the average phase error of that one tape machine/
tape cartridge system. This system ignores the questions of machine to
machine interchangeability, cartridges that were not recorded on that
system (eg. agency spots) and changes in tape cartridge phase performance
due to wear and minor damage. It cannot correct for real time changes in
phase error due to the rotation of the cartridge mechanism, which creates
time dependent variations in the amount of tape skew.

Matrix encoding systems do not solve any phase problem, they just
introduce the problem in another form. With phase problems in the dis-
crete audio channels, there will be phase problems in the matrixed audio.
In matrix form the result is usually poor separation and a poor stereo
image for the stereo listener. To insure good separation, the amplitude
and phase characteristics of the L+R and L-R channels must be tightly
controlled. Most tape head amplitude balance specifications are on the
order of *3 dB and phase dispersion is rarely specified. Figure 6 gives
the resulting separation if amplitude and phase errors between the L+R
channel and the L-R channels are known.

Since the channel signal-to-noise ratio for a tape machine is fixed,
it is also likely that the final discrete signal-to-noise ratio will de-
grade. Most stereo signals have much more L+R than L-R information. In
the worst case (L or R only), the L+R channel will be 6 dB lower than a
discrete channel. This is because when L=R the amplitude is twice the
single channel value (6 dB). When the decoded noise contribution of the
L-R channel is added during dematrix, there can be as much as a 9 dB de-
gradation of signal-to-noise.
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Non-Encoding Systems

Non-encoding phase correction systems are based on the fact that
stereo program material has a considerable amount of monophonic content
and that this monophonic content can be used to guide the correction
process. As was shown in the section on azimuth effects, degradation of
the monophonic content of the stereo program occurs well before any de-
gradation of the actual stereo information.

In order to use the monophonic content of a stereo program to cor-
rect for time delay (phase) errors, it is necessary to find a way to ex-
tract the time delay information from the audio signals on the tape.

Signal theory points out a way by using a valuable property of signals
called the autocorrelation function.

The autocorrelation function is a time function of the signal. It
indicates the degree to which the signal is related to values of itself
in time. This function is obtained by multiplying the current signal by
a delayed sample of itself and averaging over the sample time. At zero
delay, the signal is multiplied by itself and the value is the signal
power. As the amount of system delay is increased the value of the auto-
correlation will decrease. The autocorrelation function will always have
its largest amplitude at zero delay, except for sine waves which have
additional, equal value peaks at multiples of the period.
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If a signal is multiplied by a delayed sample of another signal, the
result is the cross-correlation function, which represents the amount of
common information in the signals. Using the two channels of a stereo
system, the cross-correlation will then represent the autocorrelation of
the monophonic components. This is the information needed to extract the
time delay information from the stereo signals. Using a servo system to
maximize the value of the correlation function by linearly delaying the
leading channel, will allow real time correction for interchannel time
delays.

Unfortunately, finding the peak of the correlation function requires
the evaluation of the function at several points and a search to find the
largest peak. This process does not lend itself to cost effective real-
time implementation in a servo system. However, knowledge of the per-
formance limitations of the system to be corrected allows the design of
real-time signal processing techniques to simplify the evaluation of the
correlation function. Because each channel is processed before the cor-
relation, the system design can be limited to detecting the zero point of
the function, the central concept of any servo design.

This design allows a low cost, high performance real time phase cor-
rection to be designed for almost any stereo system. The design of the
signal processing circuitry will be dependent upon the performance char-
acteristics of the stereo source device. Since the optimum signal pro-
cessing circuitry for each source device type is different, there is no
easy way to use this technique to develop a "universal" phase corrector.
Each type of stereo source device would require different signal proces-
sing circuits. Using one signal processing device would require re-
adjustment for each source. If a compromise setting is attempted, degra-
dation of both monophonic and stereo performance would result.

System Explanation and Performance

System Explanation

A block diagram of the system is shown in Figure 7.

The right and left audio channels are low pass filtered, then input
to linear audio delay lines. The audio delay lines were picked as appro-
priate technology for a cartridge machine corrector system because they
have a linear time delay versus frequency characteristic. It is very
difficult to build analog phase delays that have a linear delay versus
time characteristic. The delay line audio performance, while not up to
compact disc audio quality, is more than adequate for tape machine use.
The harmonic distortion is less than 0.25% and the signal-to-noise is
greater than 75 dB below normal signal level. The left delay is fixed at
one millisecond, the right delay is variable from 0.8 milliseconds to 1.2
milliseconds. This gives a maximum delay range of 200 microseconds
(#1080 degrees at 15 kHz).
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After the delays, the audio is low-pass filtered to remove sampling

artifacts and is passed on to the noise reduction circuitry.

The audio

is also sampled at this point for the phase detector signal processor.
After signal processing the signals are correlated, rectified and fil-

tered.

lay clock, completing the phase tracking servo loop.

System Performance

This filtered, level shifted signal is used to run the right de-

The Lissajous figure shows before and after correction results for a

single test tone of 7.5 Hz in Figure 8.

The error is slightly greater

than 90 degrees (oval trace) and the correction is better than 3 degrees

(45 degree line).
for a pink noise test tape.

Figure 9 shows a before-and-after correction results
These pictures were created by manually mis-

aligning the playback head of the machine and then enabling the phase

correction.
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Figure 8. Tone-Phase Error Before Figure 9. Pink Noise Phas
and After Correction Before and After Correc

The trace in Figure 10 is a five minute sample of relative unc
rected cartridge machine playback phase error (degrees) versus time

(ninutes). A new 6 minute cartridge was used. It was recorded with a
large
e in
igure
tion
17
the

7.5 kHz tone on the same cartridge machine used for playback. The

excursion in-phase at about 4 minutes is the tape splice. The trac
Figure 11 is a five minute sample of the same machine and tape as F
10, tut with the phase correction in circuit. Without phase correc
in circuit, the maximum peak phase error (excluding the splice) is

cegrees, with short term variances of as much as 15 degrees. With

phase correction in circuit, the maximum peak phase error (excludin
splice) is 1 degree, with short term variations of 2 degrees.
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Figure 11. Corrected Phase Error Versus Time

This is an obviously an optimum system. It has a brand new cart-
ridge and freshly tweaked record and playback alignment. Figure 12 shows
a non-encoded five minute sample of the same machine, but with a different
tape that was recorded on a different machine. The phase offset is 80
degrees. The maximum peak phase error is 85 degrees, with short term
variations of 10 degrees. With the phase correction in circuit (Figure

13), the phase offset is eliminated. The short term error is reduced to
less than 3 degrees.
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Figure 12. 01d Cart-Uncorrected Phase Error Versus Time
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Figure 13. 01d Cart-Corrected Phase Error Versus Time
Conclusion

A built-in, non-encoding interchannel phase correction system has
been profiled in this paper. This cost effective, operator transparent
system eliminates the monophonic compatibility problem for any tape cart-
ridge machines playing any tape, without the inconvenience and expense
involved with encoded systems.
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FUNDAMENTALS OF DIGITAL AUDIO

By Charles M. Bates

Technical Manager, 3M International Tapetronics
Bloomington, Illinois

Digital audio has been creeping into radio in various forms
over the past few years. The emergence of the compact disc has
presented an affordable media with adequate storage capacity and
the promise of impeccable fidelity. Manufacturers of audio
equipment have been struggling for the past few years to create
effective digital audio hardware specifically for the
broadcaster. As this equipment becomes a reality and finds its
way into the studio, the station engineer will be faced with the
task of specifying these new boxes, and maintaining them. An
overview of the basics of digital audio (without the
mathematical details) may help to shed some light on the
difficulties being encountered by the manufacturers, and the new
frontier that awaits the station engineer.

WHAT IS DIGITAL AUDIO?

Before engaging in the details of digital audio, one has to
ask the question: why digital audio? The most common answer will
be 'for its better sound quality.' A better answer would be
'for its ability to be stored and retrieved without degredation.'
The digital audio recording process essentially converts audio
to digital data, stores it, and converts it back to audio upon
playback. Therefore, if the digital data can be retrieved
accurately, audio quality is limited only by the conversion
process. Analog recording contributes minute changes to the
original audio information in the form of distortion and

noise, and each time we re-record information it loses a little
more of its original character.

In the digital recording domain, only the data representing
the audio is involved in the recording process in the form of 1l's
and O's. Recovering the data only amounts to differentiating
between the two states, and the minute changes contributed by
the recording process don't affect the audio signal. For years
computers have been storing information in the form of digital
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data on various sorts of media which were subject to the same
imperfections we are experiencing today. Being quite intolerant
of lost data, the industry developed error correction codes
which, before recording, would mathmetically encode the data in
such a fashion that if an error occured, or if data were lost,
the original could be reconstructed from the remaining data,
provided the errors were not too large. Present day codes are
virtually media independant; the Reed-Solomon code can be found
applied to Winchester discs, magnetic tape and the compact disc.
As more and more data is being crammed into smaller spaces,
minute imperfections in media contribute to larger data losses,
requiring both better media and more powerful error correction
schemes. Both the computer data industry and the digital audio
industry are engaged in new developments in these areas. The
important issue here is that with digital audio as with computer

data we can still exactly reproduce the information we store on
the media.

THE CONVERSION

Converting the audio to a data format takes place in the
analog to digital converter. This process is similar to that of
recording a motion picture. Snapshots, called samples, are
taken of the analog signal at continuous intervals in time.

Each of these samples is assigned a number representative of the
analog voltage at that period in time, and this number is
recorded as data (Figure 1).

VOLTRGE
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Figure 1 Discrete time va
sampling of an analog va ’
signal, creating a series
of voltages to be recorded
as data words. v b y
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Thus, we have represented the audio signal as a series of
incremental voltages measured at discrete intervals in time.
Playback then consists of putting each of these samples back in
order at the proper time, much the same as playing back the many
frames of a recorded motion picture. This process takes place
in the digital to analog converter, where the data words are
converted back to voltages, and the resultant waveform is
smoothed out with a low pass filter. Although we are recording
only a portion of the original analog signal, no information is
lost if our sampling frequency is sufficiently high. More on
this later. Professional digital audio systems use a sampling
frequency of 48,000 samples per second; the compact disc uses
44,100.

AUDIO QUALITY

Our quest is for perfect audio. While the actual audio
quality of a system is truly "in the ears of the beholder",
there are certain measurable specifications developed for audio
systems from which we have established some minimum standards
for what we term "quality" audio. We use these numbers to
compare various audio systems, and will find them to be effected
quite differently when comparing analog and digital systems.

Dynamic Range or Signal to Noise

For the purpose of this discussion we will consider only
dynamic range measurements, since dynamic range is essentially
S/N measured from the largest signal value to the noise floor.
Dynamic range in a digital audio system is directly proportional
to the number of bits in the data word used to define the
voltage level in each sample. These bits will then be recorded
as data on our storage media. Each additional bit in the data
word doubles the resolution of the analog signal. If, for
example, the analog voltages ranged from 0.00 volts to 1.00
volt, a 1l-bit system could resolve all input voltages into two
groups. All voltages between 0.00 V and 0.49 V would be
assigned the binary number '0O' and voltages between 0.50 V and
1.00 V would be assigned a binary 'l'. A two bit system has
four levels of resolution (00, 01, 10, 11), while a 3-bit system
has eight levels (000, 001, 010, O0ll1, 100, 101, 110, 111) and so
on (Figure 2).
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The 16 bit system has thus far become the de facto standard
in the digital audio system of storage. With 16 bits we can
resolve each audio sample into 65,536 levels (2 16 = 65,536).
The mathematics tell us that we can accomplish 6 dB of dynamic
range per bit of resolution.

Dynamic Range = (6 X N + 1.76) dB, where N is the number of bits.

A 16 bit system can therefore have a theoretical dynamic range
of 97.76 dB.

The process of dividing the analog signal into discrete
levels and assigning each a digital number is called
"quantizing" and takes place in the analog to digital converter.
We stated earlier that the sampling process, if done properly,
causes no loss of information. This is not the case for the
quantization process. For example, if the maximum voltage for a
16 bit converter is chosen as 10.0000 volts, then it would be
assigned the value of 65,536 and each interval would represent
.0001523 volts (Figure 3). Then, any voltage between 4.88281
and 4.88296 would be assigned a unique word of 32,000, or binary
number 01111101 00000000, and this would be recorded for the
sample. Generally the voltage at the center of the range (in
this case 4.88289) would be assigned to the above 16 bit binary
number, and all other voltages in that range would be in error.
This error is referred to as "quantization error" or
"quantization noise" since it ultimately manifests itself as
analog noise (Figure 3).
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Distortion

Distortion in a digital system is the result of
inaccuracies in the quantization process, and therefore related
to the number of bits in our system. The more bits we use to
define the input voltage, the smaller the probable errors
which show up as distortion components. These distortion
components remain fairly constant over the range of input
values, so unlike analog recording where the system distortion
gets higher with increased recording level, the distortion
numbers are better with higher input levels in digital
recording.

Frequency Response

The frequency response of a digital system is limited by
the sampling rate of the A to D converter and the associated
filters used. The Nyquist criteria says that any sampled
continuous waveform can be reproduced, provided the sampling
rate is at least twice the highest frequency contained in the
waveform. To achieve a frequency response with an upper
frequency of 20 kHz in our digital audio system, we would need a
sampling frequency of at least 40 kHz. The mathematical proof of
this is quite complex. Consider that we are working with a
band- limited signal which restricts the rate of change of the
signal to a predictable maximum in any given timeframe. For
instance, how often do we have to check our speedometer when
driving down the road to maintain a constant speed of 55 MPH?

If we checked every couple of minutes our speed could vary
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considerably. If we checked every 10 seconds, chances are our
speed will stay pretty close to 55. The speed of the car is
essentially low pass filtered by inertia and friction, making
speed excursions predictable. 1In fact, knowing the nature of
the low pass filter on our signal, we can then compute the
missing data between samples. When performed properly, the
sampling process does not destroy the original signal.

The sampling process itself can, however, create an entire
set of unwanted frequencies if the input waveform is not
properly managed. Any incoming signal to the sampler which is
greater than half the sampling frequency will generate a
frequency at the output which is the difference between twice
the incoming frequency and the sampling frequency. In our
example 48 kHz system, a 25 kHz input to the sampler will
produce an output of 2 kHz (2 X 25kHz - 48kHz = 2kHz). We are
all familiar with this phenomenon. Going back to my example of
how this process is similar to that of making a motion picture,
remember in the old westerns, when the outlaws were chasing the
stagecoach, how the wheels always seemed to be going backwards?
In this situation the frequency of the spokes in the wheels was
higher than half the frame rate of the film. This phenomenon is
called 'aliasing' and is the reason for the anti-aliasing filter
in the analog to digital converter. This filter's job is to
remove all frequencies that are greater than half the sampling
frequency before they reach the sampling circuitry. This is no
simple process, in that the filter must not affect our 20 kHz
input signal, and yet must remove all 24 kHz and higher inputs.
Typical in this application are 'elliptical' filters. An
eleventh-order elliptical filter can be within 0.1 dB at 20 kHz,
and 40 dB down at 22 kHz (Figure 4).

A similar filter resides at the output of the digital to
analog converter (called anti-image). During playback, the data
words are converted back to voltages which undergo a "sample and
hold" process to bridge the time between voltage samples. This
sampling produces a sideband frequency spectrum at the sampling
frequency which is an image of the audio spectrum. Since our
audio spectrum is limited to approximately 20 kHz by the anti-
aliasing filter in the A to D converter, we will have generated
spectral components in the area of 28 kHz (48 kHz -20 kHz).
Again, a very sharp cutoff filter is required to remove these
frequencies and not effect our audio frequencies at 20 kHz.
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Beyond being difficult to implement, a filter of the
magnitude of an eleventh order elliptical has the side effect of
creating phase shifting of the signal in the area of the rolloff
point which is phase distortion. The steepness of the filter is
necessary because of the close proximity to the highest audio
frequency we want to preserve (20 kHz), and the unwanted
frequencies above 24 kHz. If the cutoff were not so steep, we
could design a filter with a constant group delay which is
correctable. Suppose we were able to move the sampling
frequency up an octave in our analog to digital converter to 96
kHz. Then we could allow frequencies up to 48 kHz to enter the
sampler without aliasing, giving our filter more room to work
ar? greatly simplifying the filter design. This is the
oversampling process. Oversampling can also be employed in the
D to A converter, effectively moving the image frequencies out
further, accomodating a less steep anti-image filter.

There are a great number of lengthy technical papers
available on the subject of oversampling. The concept is not
new, and yet there is certainly no proliferation of hardware
occuring in the industry for implementation into systems.

First, the application of 2X oversampling (96 kHz) offers no
substantial benefits beyond the simplification of the filters.
In the D to A converter, oversampling at 4X (192 kHz), along
with the application of linear phase digital filtering
techniques and a simpler analog filter will net us about 6 4B in
signal to noise performance and reduce the phase distortion
substantially. We are currently pushing the state of the art in
the sampling circuitry considering the accuracy required in the
A to D and D to A converters. The technology of sampling at
higher frequencies is under development and may soon be
rearizaple.
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Now lets put all of these pieces together and review our
digital audio system (Figure 5). 1In the A to D conversion we
first low pass filter the incoming audio signal to be digitized
with the anti-aliasing filter, removing any frequencies over
half the sampling frequency. Then the signal is sampled and
quantized into digital data words for storage. Playback
involves converting the digital data words back to individual
analog voltages in the D to A converter. These voltages are
then processed by a sample and hold circuit to bridge the gap
between voltage samples, and then low pass filtered by the anti-
image filter to remove high frequency energy components
(Figure 5).
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STORING THE DATA

To analyze the storage requirements of a digital audio
system, we will sample the audio waveform 48,000 times per
second and use a 16 bit word to define the audio level in each
sample. These are the basic numbers that make up professional
systems. The number of bits generated in real time is 48,000 X
16 = 768,000 bits per second per channel. A stereo system runs
at 1,536,000 bits per second. Data capacities are generally
measured in Bytes, which is an 8 bit word. Therefore, our
stereo system generates 192,000 Bytes per second of data. A
minute of digital audio requires over 11 megabytes of storage.
An hour is nearly 700 Megabytes. That's 575 of the high density
5 1/4 inch floppy discs. Clearly, digital audio requires an
inordinate amount of storage. Where do we store all of this
data? Let's look at some commercially available means. The
pricing listed is for media alone, and is estimated.

APPROX

MEDIA STORAGE TIME COST
5 1/4 FLOPPY 360 kB 1.9 Sec $ 1.50
5 1/4 Floppy 1.2 MB 6.3 Sec 3.50
3 1/2 Floppy 750 kB 3.9 Sec 1.50
3 1/2 Floppy 1.5 MB 7.8 Sec 3.00
Bernouli disc 20 MB 104 Sec 100.00
Optical Draw 2500 MB 3.75 Hr 450.00
12 in disc dbl side
3M HCDA 3000 330 MB* 22 Min 30.00
Digital Audio
Cart
Winchester 20 MB 104 Ssec 100.00
removable
Winchester 320 MB 28 Min 2,000.00

disc drive

* Unformatted storage capacity




Affordable data storage media will only come from a
marketplace that consumes large quantities of units. The
broadcast marketplace will not be capable of supporting the
development of a unique media in a form factor designed strictly
for their needs due to the relatively low volumes involved. 1In
this respect, we are forced to go to the computer data industry
to seek out an appropriate media to store our many bytes of
data. The application of any current standard data product to
digital audio comes up short of fulfilling our needs in one
fashion or another. Floppy discs are short on storage and take
too long to read; and a room full of Winchester drives won't
fulfill a radio station's storage needs. Some manufacturers are
experimenting with data reduction techniques which involve
processing the digital audio data mathematically in an attempt
to boil down the quantity of data to fit within the confines of
existing media. To accomplish this need reductions on the order
of 4 to 8 in data densities and to date these techniques haven't
proven to be effective without a substantial loss in performance.

Fortunately, the computer data industry appears to be
headed towards larger quantities of data stored in smaller
packages and this will prove to be the shot in the arm for
affordable digital audio for the broadcaster. Advanced error
correction codes and media like those employed in the 3M HCDA
3000 Digital Audio Cartridge system will be the methods by which
these increased capacities are accomplished.

While digital audio offers us an opportunity for vast
improvements in the quality of recording and storing audio
signals, it is not without its imperfections and implementation
difficulties. These problems are not insurmountable, however,
and digital audio will take its place in the broadcast
environment. These fundamentals are intended to supply the
broadcaster with an introduction to the basic concepts of
digital audio to help him evaluate the various systems that are
already hitting the marketplace.



TELEPHONE HYBRIDS - WHAT THE CAN AND CAKNOT DO

By John Cheney

President, Comrex Corporation

I will make the assumption that, if you are attending this
engineering session or taking the time to read this paper, you
know what a telephone hybrid is and why your station needs one.
Further I would guess that, at some time in the past, you have
had occasion to use one or more and already know that they can be
"sometimes" devices.

I will not bore you with a dissertation about the circuitry
of telephone hybrids; there are plenty of technical articles
available. I will address the problem of variability of results
and will attempt to explain why telephone hybrids work well in
some applications and not in others. Emphasis will be placed on
the use of telephone hybrids in talk show systems, although other
applications will be covered.

First I would like to talk about the telephone system itself.
For all practical purposes, it is only the subscriber loop
running from your station and the central office in which that
line terminates that has any importance in this discussion.
It consists of a SLIC (Subscriber Line Interface Card) at the
C.0., your loop and a connector at the end of the loop. The SLIC
serves to provide the BORSCHT functions, which are:

- Battery feed

- Overvoltage protection
- Ringing

Supervision

- Coding

- Hybrid

- Test

Hmaohowmow
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The subscriber loop is usually made up of a twisted pair of
#24 or #26 gauge wire. The average length of a subscriber loop
is 4000 feet but may be as long as 15,000 feet. If the line is
greater than 6000 feet, it is often loaded to improve high
frequency transmission (and to provide complications for
telephone hybrids). At the station end of the loop, the
telephone company will provide either a punch block or a modular
connector. The battery voltage is on the order of 48 to 52.5
volts de. Ringing voltage is usually 90 volts RMS, 20 Hz but
other voltages and frequencies may be employed by different
telephone systems.

The hybrid function is included in a SLIC to convert your
"two wire" subscriber loop to "four wire." The send and receive
ports of the hybrid are then connected to digital
encoder/decoders for transmission to other central offices
through other CODECs and SLICs to other subscriber loops and
callers.

Once your call has been digitized, you have no further
"metallic" connection to another caller's line and the balance of
your hybrid will not be influenced by the electrical
characteristics of other caller's lines. This was not the case
with "crossbar™ or "step by step" offices which provided direct
connection to other callers' lines, resulting in impedance
disturbances on your line with attendant upsetting of balance.

It is true that some of the older systems are still in place, but
they are fast disappearing.

Referring to Figure 1, you will see the average line levels
which are to be expected on your loop. The signal level which
you should send out is -9 dBm or about 276 mwmillivolts. The
levels whiech you will receive will vary between -15 dBm and -40
dBm. The noise on a line will normally be about ~57 dBm. Most
local calls will come in at -16 dBm but, since the telephone
routing system is computer controlled, even local calls can come
in at the lowest level. Usually, long distance calls arrive
around -30 dBm.

Moving to the hybrid itself, Figure 2 contains circuit dizgrams
of several different hybrids. Operation of these various types
is well covered in the literature. Regardless of the type, the
performance of all hybrids is determined by the ability of the
balance network to mimic the impedance of your loop at each
frequency in the audio band.



TELEPHONE LINE LEVELS

0 dBm ¢

—10dBm ¢ SEND LEVEL = -9dBm

-15dBm
-20dBm ¢

SorT RANGE OF TELEPHONE LINE RECEIVE LEVELS
= m

-4@8dBm ——

- — 6L =T

-50dBm ¢

< NOISE LEVEL

®

-60dBm

FIGURE 1



- - 08 s

LN

RECEIVE

bl

| SEND

)

1

BALANCE
l NE TWORK

RECEIVE

HYBRIDS

»

e

L4

RECEIVE

SEND

000

sexo P/
= NET

RECEIVE

FIGURE 2

‘g LINE



Since any line can be thought of as an infinite number of
series inductances, shunt capacitances, series resistors and
shunt conductances, it is easy to understand that the impedance
of the loop will be different at each frequency. If you would
have perfect balance at all frequencies in the audio band, you
will need a network which will present exactly that same
impedance at each frequency. If you require 40 dB separation
between the send and receive ports, then you will need a network
which will be within 1% of the line impedance, everywhere in the

band. For 30 dB separation, equality to within 3% is needed and
20 dB calls for +/- 10%.

At any one frequency, the impedance of a line can be
duplicated with a resistor and a capacitor and quite deep
balances can be obtained. Unfortunately, at another frequency,
the capacitor and resistor will have to be different. The type
of null that can be obtained with a single capacitor/single
resistor balance network is shown in Figure 3. The reference
line at -9 dBm is the level which is sent on the line and the
curve shown below is the output of the hybrid which results as
the frequency is varied. As you can see, there is a 50 dB null
at 650 Hz but only 11 dB at 300 Hz and 3 KHz.

Incidentally, a more popular name for hybrid null is trans-
hybrid loss. As used in our company, this is the difference
between the -9dBm which should be sent on the line and the level
of that same signal appearing at the receive port. It may be
assumed that the gain in the incoming direction to the output
port 1s 0 dB. A hybrid is a directional coupler and, ideally,
the gains from the send port to the line and the line to the
receive port should be 0 dB. We then look for a high attenuation
from the send port to the receive port.

Also shown in Figure 3 are trans-hybrid loss curves for a
hybrid which uses only one resistor in its balance network and
one which uses two resistors and one capacitor. Figure 4 shows
the loss curve for a multi-pole network. It can be seen that

quite respectable balances can be obtained with multi element
networks.

Manufacturers of hybrid units have approached the balance
problem in various ways. Several use servo systems to change
resistance and capacitance values to effect maximum balance at
the dominant frequency content of the program material. In
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effect, the notch moves up and down on frequency as required. At
least two broadcast manufacturers have introduced digital hybrids
which use adaptive digital filters to take the measure of the
program being sent out and then to reconfigure themselves so that
anything which comes in on the line that looks like what was sent
out is subtracted, leaving only the incoming caller. Reports say
that these work quite well. Trans-hybrid loss figures which I
have heard are in the 20 to 30 dB range.

A principal broadcast need for hybrids is in talk show
systems. Figure 5 is a synoptic diagram of a two line
conferencing talk show system. Each line is terminated in a
hybrid. The two lines may be dedicated or may derive from a key
system. The mix which is put on the air is the sum of the host
audio and the two callers. Each caller hears the mix minus
himself. Therefore, caller 1 hears caller 2 and the host, caller
2 hears caller 1 and the host. If mix-minus circuitry is not
used to separate the caller from the mix sent back to him, then
oscillation and/or echo would result. The gain block shown here
may be manually or automatically controlled.

Figure 6 is a system diagram of a single line of the talk
show system and the host audio. Shown on the diagram are various
signal levels which will be encountered. For a local caller, the
incoming signal will be taken as -16 dBm and the outgoing level
will be the optimum -9 dBm. At the receive port, two signals
will appear. One is the incoming caller at -16 dBm and the other
is the "leak"™ through the hybrid of the host audio. This will be
-9 dBm, attenuated by the amount of the trans-hybrid loss. If we
assume that -20 dB is a reasonable figure, then the undesired
leak will be -29 dBm. If the call is long distance, then the
incoming caller may be received as low as -40 dBm, with the
"undesired™ host leak through remaining at -29 dBm.

Let us examine the effects of the above. To simplify the
picture, the talk shoy system has been redrawn and is seen in
Figure 7. It is obvious that the m"air" signal will be the sum of
the incoming caller, the host and the host leak through. If the
spectral content of the hybrid leak were equal across the band
and not phase shifted, then the air signal would be the caller
and the host, with the host simply amplified according to the
amount of the leak. Unfortunately, what exits from the receive
port is the host audio altered in frequency response and phase.
In Figure 7, the effect is shown in schematic form as the host
audio passed through a notch filter whose response matches the
trans-hybrid loss response. We will assume that the amplitude
response of the filter implies its phase response.
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From simple arithmetic, if we sum two equal voltages, the
some will be 6 dB above either voltage. If we sum two voltages
whose ratio is 3.862, the sum will be only 2 dB higher in value,.
Another way of saying this is if an undesired signal is 12 dB

lower than the desired signal, then its effect on the sum will be
only +/- 2 dB.

Returning to Figure 7 let's see what happens with some real
world hybrid performance figures of, say, 20 dB separation. If
we assume that a local caller signal will produce -16 dBm and the
host audio level to air is 0 dBm, then we will need to add 16 dB
gain to make the caller and the host have the same level. The
output of the gain block will then consist of a desired caller
audio of 0 dBm and an undesired amplitude and phase altered host
level of ~-13 dBm. We will assume that the caller is not
speaking, so the summed output will be a host audio, altered in
response by about .75 dB. The effect of the trans-hybrid leak on
the host sound would be for the most part unnoticeable.

On a poor local call or average long distance call, the
effect will be seen to increase. The -30 dBm call will need 30
dB gain. The -29 dB leak through of the host will be increased
by the same 30 dB and will be +1 dBm at the mixing point. The
host audio response will be altered by +/- 6.5 dB and this will
be quite noticeable.

Now for a worst case example. The caller signal comes in at
-40 dBm and 40 dB of gain is required. The undesired output at
the mix point is +11 dBm. Adding the host audio and the leak
through of the host audio, the resulting frequency response
departs from flat by +/- 13 dB.

It can be seen from the above examples that there are very
good reasons for the complaint that hybrids cause the host to
sound as though he or she is in a "rain barrel." Figures 8 and 9
are plots made on local and long distance calls. You can see
what happens to the host's audio.

Also, from the above, it can be seen that the actual trans-
hybrid loss provided is a very important specification. There
are many manufacturers of hybrids and there are just as many
stated specifications. Attention should be paid to the method by
which the measurement of the hybrid is made. First, the
measurement should be made while connected to an actual telephone
line. Artificial lines and resistors may make the hybrid look
good, but your concern is what it does on your line or lines.
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The fairest way of comparing hybrids is to use a noise
generator and a spectrum analyzer. If you use a sine wave sweep,
the automatic hybrids can readjust themselves as the input
frequencies change and give false readings. Our procedure is as
follows: Sufficient input signal is applied to the send port of
the hybrid to produce -9 dBm on the telephone line. Then the
level at the receive port of the hybrid is measured before the
gain block. This should result in a "real world" measurement of
the directivity of the hybrid.

Let us assume that, in actual operation, a good hybrid will
produce a fairly flat consistent null of 20 to 30 dB over a range
of 300 to 3000 Hz. How do we produce a talk show system which
will perform well at all incoming caller levels?

The host audio leaking through the hybrid could be solved by
reducing the send level, but the caller would have problems
hearing the station.

The remaining choice is to control the gain between the
hybrid receive port and the mix point while the host is speaking.
The obvious and most effective way of doing this is to use a
push-to-talk switch. This is a reliable and inexpensive
solution, but it does have the drawback of relying on the host's
expertise.
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