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Preface to the third edition

This edition is dedicated to my late father who encouraged me at a very early age

to examine, explore and challenge the world around me, and to the people of

Clitheroe in Lancashire who have preserved a tranquillity in their town that has

enabled me to compile and collate the information gathered for this book with

minimum stress. Since the second edition of Timecode: A user’s guide was published there
have been significant developments in both technology and working
practices which have impinged on the way we handle timecode in
acquisition and post-production. Timecode generators having an
accuracy of better than one frame in ten hours are now available for
location work: it is a simple matter to lock our generators to the Global
Positioning Satellite system, or to the many terrestrial time standards
transmissions available worldwide. There are new videotape formats,
and DAT machines have largely replaced analogue recorders as first
choice for the acquisition and subsequent editing of sound. Changes both
in the structure and nature of what used to be called broadcasting have
blurred the line between ‘professional’ and “consumer’ acquisition and
post-production formats and processes. MPEG-2 and IEEE 1394
(Firewire™) look to become firmly established as the transfer standards of
the future.

This edition acknowledges these developments and aims to explain, in
not too technically complex a manner, not just the details of these changes
but also the implications they have for those of us who have the task of
managing the accompanying timecode both ‘in the field’ and later on
when editing or sound dubbing (though we should bear in mind that the
role of the traditional editing suites is being challenged by suitcase-sized
computer systems, with all material stored on hard disk arrays).

Many people have given generous assistance in my research for this
edition, and it is impossible to name them all, but special thanks must go
to Martin Davidson of Skarda International Communications Ltd, Chris
Price of Ambient Recording GmbH and John Rudling of Nagra Kudelski
(GB) Ltd for taking the time to reply with unfailing courtesy to my many
requests for information. Lastly I should like to thank Margaret Riley, my
Publisher, without whose patience and encouragement this edition would
probably not have been written.
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Preface to the second edition

Since the first edition of Timecode: A user’s guide was published, major
developments in technology and data handling systems have had a major
impact in timecode formats and applications. Digital VITC is now
established, timecode can be placed in the audio sectors of digital VCR
recordings, there is now a standard for the extended use of the timecode
word’s user bits, time data are frequently carried in the RS422 digital
interface and there is now a standard for timecode in High Definition
Television.

Within Europe, the EBU has published the uses to which some of its
members have put the binary groups within the timecode word. Uses
include the control of Telecine ‘panscan’ for the selection of which area of
a wide-screen 16:9 aspect ratio picture will be transmitted in 4:3, and the
inclusion of date information. Additionally, some broadcasters are using
the AES/EBU digital interface to carry time-related data, and proposals
have been made for the carrying of time-related data in a form not related
to the digital sampling rate.

Perhaps the most significant development in time-and-control code
has been concerned with its use in the field of video assisted film post-
production. Timecode is now no longer the ‘Cinderella’ of post-produc-
tion, confined to looking after the housekeeping while its older sisters,
pictures and sound, enjoy all the glamour and adulation. Timecode has
met her ‘Prince Charming’ in the form of KeyKode®, and the ‘glass
slipper” of recognition has been the powerful data logging and manage-
ment systems such as Excalibur and Keylink, coupled with intuitive non-
linear editing systems such as Avid, D/ Vision and Lightworks. Timecode
is now the ‘business manager’ to her older sisters, allowing them to -be
edited more flexibly and efficiently, and easing the production of film and
video versions of programmes, commercials and feature films for
worldwide distribution. As this edition is being written, 3-line VITC is
being developed to enable non-linear editors to manage a variety of film,
video and audio timecode databases more effectively.

This edition aims to explain and de-mystify these new forms of and
uses for timecode, and I would like to thank all who so freely gave me
both their knowledge and time in its preparation, especially David Bryant
of Filmlab Systems, Tony Harcourt of Kodak Limited, Anita Sinclair and
Mick Colthart of Lightworks Editing Systems Limited, Francis Rumsey of
the University of Surrey, and Jon Hocking of Wren Communications.

Preface to the first edition

Probably every person involved in the making of television programmes
will come across ‘timecode’ at some stage in the production process. It can
be a powerful tool in post-production, yet is often poorly understood. As
a result, it can cause embarrassing and expensive problems when it fails.
Most timecode failure can be avoided if its characteristics, and those of the
various recording machines that process it, are properly understood. On
location it can make various production processes much easier and less
time-consuming, yet few people are aware of its full potential.

Recording formats have evolved rapidly in recent years, with location
professional R-DAT and digital VCRs already with us. Timecode
implementation in digital recording formats can differ markedly from
that in traditional analogue systems. MIDI control systems can now
interface with timecode, and the IEC has rationalized the EBU and
SMPTE videotape codes. There have been exciting developments in the
application to film and timecode data can be carried within the data
stream of the AES/EBU digital audio interface.

This book aims to explain timecode in all its manifestations. It is
intended to be of use to the operator working in the field or edit suite, to
the person involved with installation and maintenance of timecode
equipment, and to anyone interested in the development of either
software or hardware for handling the code. The potential of timecode as
a tool for use at all stages is explained, and causes of timecode failure are
discussed, together with possible solutions.

The opening chapters of the book explain the underlying theory, and
appendices contain technical detail. These, together with a comprehen-
sive bibliography, make this book of value both as a manual and as a work
of reference. Mathematics is kept to a minimum, and any necessary
theory is included and explained, making the book accessible to the
widest range of possible users.
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CHAPTER 1

Basic video and
magnetic theory

Introduction

Timecode was originally developed in order to clearly identify positional
information on videotape in a manner similar to traditional motion-
picture film. On film, this information is printed in human-readable form
along the film edge, and the individual frames are clearly seen by
inspecting the film. Videotape frames are recorded as magnetic imprints
that cannot be seen by inspection, so when the timecode was introduced,
it needed to contain details of the frames. The introduction of colour to the
original monochrome signal increased the complexity of the video signal,
so care had to be taken in joining non-contiguous sections during editing
if disturbances in the picture were to be avoided. Developments in post-
production meant that the sound could be dealt with separately, as long
as a guide video was provided, together with timecode. There have
recently been great strides forward in the marriage between film and
videotape for the purposes of post-production. This chapter explains the
video and magnetic theory relevant to the recording and replay of
timecode on video- and audiotape in order that the timecode processes
described later may be easily understood.

The video signal

A scene viewed by the television camera is converted into an electronic
signal by scanning the image formed by the lens in a series of horizontal
lines, much as one would read text in a book. These lines are grouped
together in frames (pages in the book in our analogy). The rate at which
individual pictures are reproduced has to be high enough to minimize
flicker. The technology available when television was developed did not
permit a frame rate sufficiently high to achieve this, so each frame was
split into two fields, each field containing alternative lines (Figure 1.1).
Originally the frame rate was linked to the nominal frequency of the
mains. This meant that in Europe a rate of 25 frames (50 fields) per second
(fps) was chosen, and in the USA the rate was 30 frames (60 fields) per
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2 Timecode

second. When colour was added to the original monochrome signal it was
coded into a very stable high-frequency sine wave, the frequgr_lcy of
which had to be chosen very carefully to keep interference to a minimum
for those people who still viewed in monochrome.

Figure 1.1 A television frame comprises two fields (a), which are interlaced (b) to
produce a frame.

In the PAL system developed in the UK, each frame contains 625. lines
of video information, divided into two fields of 31214 lines. Each l}ne of
picture information contains a signal allowing the colour informat}on to
be decoded. In some countries on the European mainland the [~re_nch
SECAM system is used. This has the same frame rate and n:umber of lines
per frame as PAL, and a stable high-frequency sine wave is elxlso used to
carry the colour information, but the decoding information is placed in
the start of each field. In the USA, Japan and a number of other Asian
countries the NTSC system is employed. In this system the .colour
information is also coded into a high-frequency sine wave but in a simpler
manner than either the PAL or SECAM systems. There are 525 lines to
each frame, divided into two fields of 262%2 lines.

Video source synchronization

In all sequential scanning systems it is important that all items f)f
equipment concerned with viewing or processing the scene maintain

Basic video and magnetic theory 3

Peak white level (1.0V)

0.7V Line
btanking
Blanking (black) level (0.3V)
0.3v
|, Sync tip level (0V)
re—— Start of line

Figure 1.2 Video information extends from 0.3V to 1.0V. Sync information
extends from 0.3 Vto 0 V.

synchronization, so that each is dealing with the same frame, field and
line of the scanned picture at the same instant as the other items of
equipment. Each line starts with a clearly defined and identifiable pulse
(the line synchronizing pulse), followed by a short interval before the
picture information starts. The period of time containing both this pulse
and the interval is called ‘line blanking’ (Figure 1.2).

Each field of information is preceded by a complex series of narrow and
broad pulses which define both the start of the field and the particular
field within a frame (Field 1 or Field 2). The start of the frame is indicated
by the field having a half-line space between the narrow pulses and the
first synchronizing pulse. A series of lines containing no video informa-
tion follows this series of pulses. The period of time containing this series
of pulses and the blank lines is called ‘field blanking’ (Figure 1.3). In the
PAL system, picture black (blanking level) is represented by a signal level
of 0.3 V, peak signal level (peak white) is 1.0 V, and the synchronizing
pulses go below blanking level down to 0 V. In the NTSC system picture
content from blanking level to peak white is represented by 100 IRE units,
and sync pulses by 40 IRE units. The 1 V peak-to-peak value remains the
same, but sync tip level is 0.29 V below blanking. The combination of
synchronizing pulses and detail of the scene brightness is called the
luminance signal.

Video bandwidth requirements

As Figure 14 illustrates, there is a clear relationship between frequency
and the ability of a system to resolve fine detail. A detailed examination
of the arguments that relate the frequency response of a system with
resolution obtained is out of place here, but a television system needs to
be capable of handling a frequency range (bandwidth) of 25 Hz to
5.5 MHz in PAL systems, 30 Hz to 4.5 MHz for NTSC.
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Figure 1.3 There are some 25 lines in each field clean of any picture
information. Seven of these are used for field synchronization. This leaves 18
available for other purposes.

52

- us

Fine
detail Coarse
detail

Figure 1.4 The ability of a video system to convey fine detail is dependent on its
frequency response.

Adding colour to the signal

The perception of the human eye to colour information detail is much
lower than to luminance because the eye contains fewer receptors for
colour than for luminance. This is fortunate, as it permits colour informa-
tion to be processed as a comparatively low-resolution signal. This
‘chrominance’ signal thus requires a narrower bandwidth than the
luminance signal, typically about 1 MHz, and can be incorporated into an
existing monochrome signal, as Figure 1.5 illustrates. Although the
human eye is capable of identifying a large number of different colour
shades (hues and saturations), it is possible to re-create most of the{n‘by
combining just three colours (red, green and blue) in an additive mixing

Basic video and magnetic theory 5

process, so that, for example, red and green combined in various propor-
tions can produce an extensive range of oranges, yellows and browns. The
colour information presented by the camera is mixed (matrixed) into two
signals, called ‘colour difference signals’, which vary (modulate) the
amplitude and phase of a high-frequency signal, called the colour sub-
carrier, which is superimposed on the luminance signal. If this sub-carrier
were to be an exact multiple of the line frequency, the patterning caused
would be very obtrusive. To minimize this, the phase of the sub-carrier
with respect to the start of each line is shifted by 90° on successive lines.
In the NTSC and SECAM systems this phase shift results in a sequence
that repeats every four fields. In the PAL system a further phase inversion
on alternate lines reduces the effects of phase distortion in the transmis-
sion/reception process. This results in the phase relationship between the
sub-carrier and the start of each field repeating only once in every eight
fields (the eight-field sequence). These phase relationships have to be
taken into account in the video post-production process if there is to be
minimum disturbance to the colour (chroma) information during editing.

{

Luminance energy spectrum

Chrominance
energy
spectrum

Energy

o

4.43 5.5
Frequency (MHz)
Figure 1.5 The chrominance information is contained within the luminance
frequency bandwidth. Care has to be taken to minimize mutual interference,

With the need for an exact relationship between the colour sub-carrier
phase, line and frame frequencies, television systems must run at very
precise frequencies. In the PAL and SECAM systems this caused no partic-
ular problems; sync pulse generators were used that had highly stable
internal clocks, instead of using the mains as a reference. However,
engineers developing the NTSC system ran into problems with transmit-
ting colour information at a precise 30 Hz frame rate, and had to reduce it
to approximately 29.97 fps. When shooting or editing in NTSC, account
has to be taken of this somewhat odd framing rate.
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6 Timecode

Colour difference signals

The red, green and blue colour components are not used in their raw
form. Instead, the red (R) and blue (B) signals are each combined with the
luminance signal by subtracting the luminance signal (Y) from the red
and blue separately to give R-Y and B-Y. In this form they are known as
‘colour difference signals’. It is these signals that modulate two separate
feeds of colour sub-carrier. In the PAL and NTSC systems these two
colour sub-carrier sine waves are identical in frequency, but are held 90°
out of phase with each other. In the PAL system the phase swings on
alternate lines between advance and retard (hence PAL or ‘phase
alternating line’). This reversal of phase on alternate lines was Consifier‘ed
necessary in the development of the PAL system in order to minimize
colour degradation should there be any decoder misatignment. The two
modulated sub-carriers are added together to give a resultant sine wave
whose amplitude and phase depends on the proportions of red and blue
present in the original signal. It is this signal that is superimposed on the
luminance signal as the chrominance signal. The SECAM system, on the
other hand, employs sub-carriers of two different frequencies, carrying R
and B information on alternate lines.

In all systems it is the amplitude of the modulated colour sub-carrier
that represents the saturation of the colour. In PAL and NTSC systems the
phase of the sub-carrier is compared with a reference signal (the “colour
burst’) to determine the hue (Figure 1.6). The colour burst is inserted at
the start of each picture information (active) line in the line blanking
period, just after the line synchronizing pulse. In the SECAM system the
decoding information is carried in several lines within the vertical interval.

0°

Amplitude determines
saturation

Phase
determines
hue

/"‘\
270° 90°

180°

Figure 1.6 The instantaneous value (amplitude and relative phase) of the colour
sub-carrier determines both intensity and hue of the chroma.

Basic video and magnetic theory 7

Any modulation process generates additional frequency bands
(‘sidebands’) which extend both above and below the carrier frequency. In
all systems these sidebands sit within the luminance bandwidth, making
it impossible to remove the sub-carrier completely from the luminance
signal.

Component analogue video systems

It is fair to say that if colour television were to be invented with the
technology that exists today, a sub-carrier system would not be employed.
Available technology has been exploited to develop colour television
systems, known as component analogue systems, which avoid
modulating the chrominance information onto the luminance signal. In
the two component analogue VCR systems in use today, Betacam (and its

.development) Beta SP from the Sony Corporation, and MII, developed by

National Panasonic, the colour difference signals are processed without
the need for a colour sub-carrier. For distribution purposes, three signals
have to be sent around a building instead of just one, but the additional
complexity is more than compensated for by the improvement in picture
quality and the reduction of signal degradation during post-production.

The two chrominance information signals are recorded onto tape in
time-division multiplexed form, line by line. Both luminance and chro-
minance signals are recorded with timing signals, instead of the
traditional synchronizing pulses, or colour burst, to allow a more
favourable packing density on tape. The two chrominance signals, known
as Pr and Pb, are recorded on a part of the tape completely separate from
the luminance signal. They are time-expanded and demultiplexed on replay.

When a component VCR is recording signals decoded from a composite
source, some form of sub-carrier phase identification is needed. This takes
the form of a pulse placed in the chrominance channel and a line of sub-
carrier (‘vertical interval sub-carrier’ or VISC) inserted into a line within
the field blanking interval. The manner in which the chrominance is
recorded, together with its limited bandwidth requirement, makes it
possible to record two high-quality audio signals on frequency-
modulated carriers along the chrominance tracks.

Magnetic recording

The basic principles of magnetic recording are reasonably well known; a
plastic tape, coated with finely-divided magnetic powder, is passed at
constant speed in intimate contact with a pair of magnetic poles called a
‘recording head’. Currents flowing in the head coils cause corresponding
variations in magnetic flux. The particles of magnetic powder are
magnetized to varying degrees, depending on the strength of the current
flowing in the recording head coils.
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8 Timecode

Magnetic replay

During replay the magnetized particles are caused to pass at constant
speed in front of a similar head, where their external flux links with the
head coil, generating a voltage. The strength of this voltage depends
approximately on the rate of change of the magnetic flux rather than on
its absolute level, so that the voltage that appears is the first derivative of
the magnetic flux. This differentiation of the flux strength is modified by
a number of factors, including the inductance and resistance of the head
coil and the intimacy of contact between the tape and the face of the
replay head (Figure 1.7). The consistency of the tape coating will also have
an effect, variations in coating consistency resulting in corresponding
variations in sensitivity. Should the particles of magnetic powder clump
together, or be absent (perhaps as a result of poor adhesion), there will be
a momentary loss of signal, or ‘dropout’.

50 -
-
-~
40 -
-~ Head
) - . losses
3 30 = o
5 o
S o o
5 20 666.‘
(@)
10 |
0
| 1 1 1 L 1 A
0.1 0.2 Q0.5 1 2 5 10 20

Frequency (kHz)

Figure 1.7 At high frequencies tape heads suffer from a variety of effects causing
loss of available output voltage.

Implications for video recording

The variations in linear tape speed that are acceptable for audio signals
are unacceptable for video processing where timing and synchronization
are critical. For example, the accuracy of colour sub-carrier timing has to
be within +0.01 us for video editing. In videotape recordings, variations in
coating thickness and tape-to-head contact would cause unacceptable
variations in brightness of the replayed picture. The video bandwidth
extends over 18 octaves. Over this range, the differentiation effects
described above would produce variations in replay output levels of over
108 dB. Differentiation also results in sine waves being effectively shifted

NN "

(e)

NI\

Figure 1.8 A sine wave (a) when differentiated becomes a cosine wave (b). A
waveform comprising a sine wave and its 3rd harmonic (c) will produce the
waveform (d) when differentiated. A square wave comprises a sine wave and an
infinite number of odd harmonics; (e) comprises a fundamental sine wave and
odd order harmonics up to the 15th. When differentiated the waveform (f)
results.

in phase by 90°, and rectangular waves being reproduced as positive- and
negative-going spikes (Figure 1.8). Obviously this is unacceptable, so
some way has to be found of overcoming these problems.

Use of frequency modulation for video recording

The video signal is not recorded directly onto tape, but is used first to
modulate the frequency of a constant-amplitude carrier. The resulting
signal is recorded as a magnetic imprint on tape. In this way the effects
that result from variations in replay levels that occur as a result of
variations in tape/head contact and magnetic coating inconsistencies are
reduced. Frequency modulation also allows the d.c. component of the
video signal, representing brightness, to be recorded (Figure 1.9).

Although current magnetic tape and replay head technologies mean
that wavelengths less than 1 um can be recorded and replayed, there is
still a requirément for tape-to-head speeds to be much higher than is
realistically possible with longitudinal tracks traditionally used for
analogue audio recordings. This is achieved by the use of helical scan
techniques.
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Figure 1.9 Unmodulated carrier has constant amplitude and frequency (a). This
carrier is modified by a signal (b) to change its frequency but not its amplitude
(c). Specific carrier frequencies (d) can represent specific voltage levels (e). Sync
tip, blanking and peak white may thus be represented by an a.c. signal and so
recorded onto tape. The difference in frequencies between sync tip and peak
white is known as the deviation (f).

Use of helical scan to improve write/read speeds

The high tape-to-head speed required for video recording is obtained by
having the heads mounted on a spinning drum, the complete assembly
being called a ‘scanner’. The tape is wrapped around the drum in an open
spiral. This results in a series of recorded tracks being laid in shallow
diagonal lines across the tape (Figure 1.10). In analogue video recording
each of these tracks corresponds to an individual field of information. In
digital video systems the information related to an individual field may
be recorded over a number of tracks. In this manner, although the linear
speed of the tape may be quite low, the writing speed will be very high.
One typical system employs a linear (longitudinal) tape speed of 0.066
metres per second (m/s), but has a writing speed of 6.9 m/s, a writing-to-
linear speed ratio of the order of 100:1.

Some video recording formats leave guard-bands between the recorded
video tracks, others (notably component analogue and digital) may make
use of azimuth recording techniques, where the write/read heads for
luminance and chrominance tracks have azimuths offset in opposite
directions. In azimuth recording, the heads are slightly wider than the
recorded tracks, so will partially over-write (and over-read) adjacent
tracks. The offset in the azimuth angles minimizes the resulting crosstalk

Basic video and magnetic theory 11

Rotating head drum

Path of

read write
head ~

(a)

etc

b 50 fields in 1s
(®) over 0.066 m of tape

Figure 1.10 The videotape is wrapped as a part helix around a spinning drum
(a). Heads set in the drum write and read diagonal tracks on tape as it moves
relatively slowly through the transport system. Note in practice these diagonal
tracks are at a very shallow angle.

to acceptable levels. Some digital audio systems also employ helical
scanning techniques, both to minimize the linear tape speed (smaller
cassettes = longer recording times) and to accommodate the very high
rate of data that digital systems incur.

Control track

When material is recorded on tape as a series of stripes, some way has to
be found of ensuring that the scanning head (on both replay and over-
recording during editing) follows the originally-recorded tracks. If that
recorded material is video information, some way has to be found of
ensuring that the individually-recorded fields can be correctly identified,
particularly as regards the correct relationship of colour sub-carrier to
field. This relationship is still important even with a component analogue
recorder, as such a machine may well have to interface with equipment of
composite format during production, post-production and playout.
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Basic video and magnetic theory 13

One way of achieving this is by recording, on a longitudinal track, a
series of pulses which enables the scanning heads to follow the pre-
recorded tracks correctly on replay. This track is called the ‘control track’.
It will often contain other pulses that identify the 8- or 4-field colour-
framing sequence, and in digital video systems may carry information
concerning the packaging, in segments, of the digital data on tape (Figure
1.11).

As the control track is frame-related, it can be used to control the
editing process. However, it cannot be read while the tape is stationary or
is moving at very slow speed (as when starting or stopping), because the
replayed level is either non-existent or very low. A unique time identifi-

Time reference

point

104 s |
/ Pulse doublet detail

cation for each frame, with this time related to the colour frame sequence
o in a known and unambiguous way, is the only satisfactory option.
5
— Timebase correction
° The timing accuracy necessary for the replay of video information is not
. %;A §x $y possible using purely mechanical or electromechanical systems because
g OE) £ 3 CE of the inertia present with any mechanical device. The timing has to be
£ g8 gy &L corrected electronically. One method of doing this within a broadcast-
w gy &L ¢ z quality system is to convert the off-tape demodulated signal into digital
ge 3 8% form. A digital signal can easily be stored until the correct time for transfer
out of the machine, when it will be converted back into analogue form.
e This process is performed by a timebase corrector (TBC), a device which
often incorporates a facility to adjust video and sync levels, and overall

system timing and phase. Very often the vertical interval will be regener-
ated within the TBC, especially if it is external to the machine. Note that
if the machine has to interface synchronously with the outside world,
some form of external reference will be required by both the videotape
machine and the TBC. The TBC may also be capable of outputting a
correctly-timed video signal even while the machine is playing at non-
standard speed, perhaps for special effects.

Offset
T

Offset
(106.02 mm)
107.66 mm

Dropout compensation

The high packing densities employed in video recorders, mean that
momentary loss of output due to dropout is going to be much more
noticeable than with audio. A dropout lasting just 1/15 000 s would result
in the loss of a complete line of video. To minimize the effect, analogue
video recorders employ devices called dropout compensators. Basically,
these devices are short-term (1-line) stores constantly replenished by the
EM video signal coming off tape. When a dropout occurs, signalled by a
drop in the off-tape FM signal, the output to the demodulator is switched
from the direct to the delayed signal in the store, and an uncorrupted line
replaces the one with dropout.

5.000 ms
(5.561 ms)

Figure 1.11 In the D-2 recording system the control track carries servo reference signals together with video and
colour framing pulses. Figures given are for the PAL system, those for the NTSC system are in parentheses.

Servo
ref.
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CHAPTER 2

Digital processing

Introduction

Timecode is a digital signal. It carries information as a sequence of zeros
(0s) and ones (1s), called ‘digits’. These digits may represent quantities
such as time or film footage, or they may carry ‘command’ and ‘control’
information. The assembly of these digits is called ‘data’. Just as letters,
numbers and characters have to be assembled into recognizable forms
(languages) in order to be meaningful, so data must be arranged into
recognizable forms in order to carry information. The arrangement of
data is referred to as “protocol’. Protocols define such matters as the
number of digits used to form individual data words, the order in which
data are presented within the words and the way in which the words are
grouped together to carry information. There are a number of protocols
used in the carrying of timecode data, depending on the application
concerned. This need not be a problem because, as with languages, it is
possible to translate from one protocol to another. This chapter will
examine the various forms in which information may be carried within
digital systems concerned with timecode, and starts by examining the
nature of number systems.

The denary (decimal) system

All number systems use bases to permit a limited number of symbols to
represent a large (in theory infinite) number of values. The number
systems in use today use single symbols to represent quantities to a value
one increment smaller than the base in use. These symbols are combined
to represent higher quantities by the use of multipliers. At present most of
the world communicates on a day-to-day basis using a base of 10, a
number system called ‘decimal’ or (more accurately) ‘denary’. The denary
system numbers quantities from 0 to 9. So, for example, in base 10 the
value 274 stands for

Digital processing 15
(2xhundreds) + (7xtens) + (4xunits) = (2x10%) + (7x10") + (4x10%)
If a base of 5 were used 243 would stand for

(2xtwenty-fives) + (4xfives) + (3Xunits) = (2x52) + (4x5Y) + (3x5Y%), or 73 in
base 10

Each multiplier is higher in value than the previous one by a factor
determined by the base in use (ten in the case of denary). To prevent any
ambiguity we should really include the base value as a suffix to the
symbols used, so 274 should read 274,,. As denary systems are so ubiqui-
tous such suffixes are invariably dispensed with. When dealing with
other number systems prefixes or suffixes are, however, included to make
the meaning clear.

‘The binary system

This system uses the number 2 as its base, and so its symbols range from
0 to 1. The multiplier values are units, twos, fours, eights etc, in the
everyday (denary) counting system.

So the value 1101, represents (in denary terms):

(1x8) + (1x4) + (0x2) + (1x1) =8 +4+0+1=13

Since the binary number system uses only two symbols, it lends itself
readily to processing by electrical, electronic and magnetic circuitry, as the
symbols 0 and 1 can be represented by such methods as the opening/
closing of a switch, the polarity of a voltage, direction of current flow or
the reversal of magnetic flux. Table 2.1 illustrates some possible coding
methods. As we shall see, each of the methods illustrated presents a
problem that might preclude its use in timecode but, nevertheless,
noughts and ones lend themselves to simple processing. As timecode uses
a form of binary code, it will be as well to examine it in more detail.

With any digital system the protocol determines the number of digits
required to carry the information. For example, supposing we wish to

0/1 indication

Coding method Logic 0 Logic 1

Voltage level Zero voltage Positive voltage

Voltage polarity Negative (positive) Positive (negative)
Frequency shift f1 f2

Carrier phase Advance Retard

Carrier phase Retard / advance Advance/retard

Clocked No clock edge Clock edge

Clocked Clock edges at bit edges ~ Clock edges at bit centres

Table 2.1 Various coding methods can be employed to store and
transmit digital data.
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2 digits :

1 cycle
Figure 2.1 Two digits of binary information may require one complete cycle of
signal.

quantify a range of weights — say a maximum of 15 g in qﬁnimgm
increments of 1 g — then four weighted binary digits will be required, with
each digit representing a different weighted value, in this case 1 g, 2 g, 4g,
8 g. A table may then be constructed (Table 2.2) showing the arrangement
of binary digits (‘bits’) to achieve the range of scaled weights. ‘ ’

Four things can be seen from Table 2.2. Firstly, each bit has a ‘weighted
value which is determined by its position in the bit sequence. Seco_ndly,
the binary ‘word’ always contains the same number of bits, even if the
leading bits are all set at zero. Thirdly, there is a maximum length to the
word length, set at the design stage. Lastly, there is a minimum resoluhgn
(in this case 1 g) also set at the design stage. It is not the case, as with
analogue systems, of how accurately the numbers can be read — they are
present, or not present, unambiguously in the word. If higher J.:esoiutxon
is required (or indeed if higher values than those obtainable with the set
word length are required) then an extra bit will need to be added at one

Weighted binary bit values

Denary values 8 4 1
0 0 0 0 0
1 0 0 0 1
2 0 0 il 0
3 0 0 1 1
4 0 1 0 0
5 0 1 0 1
6 0 1 1 0
7 0 1 1 1
8 1 0 0 0
9 1 0 0 1
10 1 0 1 0
11 1 0 1 1
12 1 1 0 0
13 1 1 0 1
14 1 1 1 0
15 1 1 1 1

Table 2.2 Digits having weighted values can signal a range of discrete values.

Digital processing 17

or other end of the word, which will require a complete system redesign.
In a binary system, a digital word # bits long can represent values in the
range 0 to 2"-1.

Commonly, microprocessors (found in edit controllers, timecode
generators and timebase correctors) and digital communications systems
deal in digital words eight bits long. Such groupings of eight bits are
known as ‘bytes’. The weighted values are as follows:

Weighted denary value 128 64 32 16 8 4 2 1
Bit value 1 1 1 1 1 1 1 1

If all the bits are set to 1 the equivalent denary value is:
128+ 64+ 32+ 16+ 8+ 4+ 2+ 1=255

Therefore, using a word 1 byte (8 bits) long enables all values between
0 and 255 to be identified. In this manner a range of alphanumeric and
control codes can be incorporated within a single byte of digital bits.

To summarize: a word of digital bits can be used either to represent
quantities (e.g. of time) by the use of weighted digits, or each combination
of zeros and ones in the code can be used to represent an alphanumeric
symbol or an instruction. In both cases the word length and range of
values is set at the design stage.

Binary-coded decimal

Binary-coded decimal (BCD) codes are used to represent denary numbers
in binary form. Table 2.2 showed that a 4-bit digital number could carry
values from 0 to 15, so there is some redundancy if this were to represent
a single denary number, as values 10 to 15 would not be required. A 4-bit
digital word, especially one residing within an 8-bit byte, is sometimes
referred to as a ‘nibble’. To represent single denary numbers combining to
give values from 10 to 99, two nibbles would be required: three nibbles
would be required for values 100 to 999 etc. Thus the value 87;, would be
represented by the bit sequence

10000111 (1000 & 0111)

Traditional (EBU/SMPTE or IEC) timecode uses a variation on BCD
that accounts for the fact that not all binary words need to count to 9. The
tens-of-seconds nibble needs to contain only the values 0 to 5. Where there
are unused bits within each nibble, they are used to carry additional data.

Some other timecodes use longer word-lengths in order to obtain a
greater range of values than permitted in ordinary BCD. For example,
within the R-DAT format an 11-bit word is used to represent the number
of audio samples per R-DAT frame; the EBU Radio Data System timecode
uses 17 bits to represent values from 0 to 88 404 in order to store the date
in Modified Julian Day form (217 = 131 072).
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18 Timecode

2’s complement coding

In situations where positive and negative value binary numbers are
handled (audio signal processing and EBU panscan data in timecode are
but two examples) it is convenient to convert the raw binary numbers into
2’s complement form. In 2’s complement the MS bit signs positive or
negative values, and negative value numbers are converted into a form
which permits the simple addition of positive and/or negative value
numbers.

Positive numbers are given a leading zero. Negative numbers are given
a leading zero, ‘0’s and ‘1’s are inverted and ‘1’ is added, as the following
example shows:

The value +7,y converts to 0111,

The value -4, converts to 0100,

0Os and 1s are inverted to give 1011,

A 11is then added to give 1100, (1011 + 0001)
710 =410 =310

0111, + 1100, = (1)0011, = 3,

The leading 1 falls out of the result.

The hexadecimal system

Reading long strings of 0s and 1s, though simple for computers, can be
extremely tedious for humans. To make life simpler some digital signal
processors interface with the human world by grouping digits together in
blocks four bits long, and presenting the 16 possible values obtained in the
form of a single symbol. This form of notation is called ‘hexadecimal’. It
uses the number 16 as a base, so the symbols range in value from zero to
denary fifteen. Unfortunately, we do not have a purpose-built range of
symbols for this system, so we use the symbols 0-9 from the denary system,
and the symbols A, B, C, D, E, F to represent the denary values ten to fifteen.
To reduce the possibility of confusion when dealing with hexadecimal
symbols, a prefix is added to the number. This book will use the symbol ‘&’
The hexadecimal system of symbols with their denary equivalents is:

Hexadecimal: &08&1&2&3&4&5&6&7&8&9&A &B &C &D &E &F
Decimal: 01234567 8910 11 12 13 14 15

In the hexadecimal system each multiplier is an order of sixteen greater
than the preceding one, ie. ‘units’, ‘sixteens’, ‘two-hundred-and-fifty-
sixes’ etc. So the value &A3F represents (in denary terms):

(10x256) + (3x16) + (15x1) = 2560, + 48,0 + 15,9 = 2623

In the hexadecimal system (‘hex’ for short) just two symbols can be
used to represent any of two hundred and fifty six different values (0255

in denary). Computers and teletex make use of this property by using
these symbol pairs as codes to represent numbers from 0 to 9, upper and
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lower case alphabetical symbols, punctuation marks, printer instructions
(carriage return, back-space etc), and a whole range of control functions
depending on the protocol. These codes can be incorporated into the
timecode word.

Bit rate requirements

When we come to examine the rate at which bits need to be generated/
processed for timecode, or indeed if we wish to include data other than
pure time information in the code, we need to determine what informa-
tion timecode requires.

Firstly, timecode requires, at the very least, the ability to carry hours,
minutes, seconds and frames data — though some systems carry time data
specified in increments of 1/100 frame. Secondly, we need to consider
whether a complete codework will be generated for every video or film
frame, or whether the time data will be distributed over a series of frames.
Thirdly, we need to consider whether the data should contain timecode
information alone, or whether other information, such as control signals,
should be included in the codeword.

We cannot simply generate one pulse or bit per frame (as a clock may
generate one tick or swing of its pendulum per second) as timecode is
used to carry information other than the passing of time on a regular
basis. It may be used to identify various forms of time, for example ‘time
from start of tape’, ‘cumulative recorded material time’ etc. There is the
matter of reading simple pulses when a machine is starting from
standstill. Control track code is a simple pulse identification system.
When editing using control track pulses there is frequently some slippage
in the edit point as machines run up to speed from standstill. Last there is
the requirement to read the code at a variety of tape speeds so that it can
be read during shuttle, slow motion or ‘jog’ operations, or even when the
tape is stationary.

If a straightforward binary code were to be used to identify time, then
up to 30 frames per second (fps) of information (for NTSC) would be
required for every second of the day. This would require a 22-bit
wordlength since there are 30 x 60 x 60 x 24 = 2 592 000 decimal number
variations per day, represented by 1001111000110100000000 in binary. We
could, of course, use a hexadecimal code, which would require only eight
symbols (if we used one symbol for each of the elements tens-of-hours,
units-of-hours, tens-of-minutes etc), but translated into a binary code at 4 bits
per symbol this would require 32 bits per frame.

Binary coded decimal system requires 26 bits to identify each frame, as
Table 2.3 shows. This is a rate of 650 bits per second (for PAL) or 780 bits
per second (for NTSC). So where does this leave us regarding bandwidth
requirements? If the coded bits were alternate Os and 1s the resulting
waveform might resemble a squarewave with a frequency of up to 390 Hz
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20 Timecode

(Figure 2.1) as each pair of alternate Os and 1s represents one complete
cycle. Control codes are carried by the timecode word, and there may also
be other factors involved that determine the data rate. The timecode may,
for instance, be mixed (multiplexed) with digital stereo sound as part of a
digital interface, or be multiplexed with control codes for musical instru-
ments. (Individual forms of timecode will be examined in detail in later
chapters.) No matter what information is carried, if it is to be handled by
a magnetic record /replay system or transmitted at varying bit rates, we
are going to have a problem with long sequences of zeros or ones as this
string represents d.c. as Figure 2.2 illustrates. As we saw in Chapter 1,
magnetic replay systems will not be able to replay d.c. since this involves
the differentiation of the waveform. If the data rate changes because of a
machine speeding up or slowing down, it will not be possible to calculate
the number of continuous ones (or zeros) that have passed. The raw data
will have to be modified into a suitable form before it can be processed by
a magnetic system. This modification is called ‘channel coding’.

Hrs Hrs units Mins Mins units Secs Secs units  |Frames Frames
tens 0-9 tens 0-9 tens 0-9 tens units
0-2 0-5 0-5 0-2 0-9

! 7 ] HE vy : j R

2 bits 4 bits 4 bits { 4 bits 3 bits 4 bits 2bits | | 4bits |

i | ot L I : H P

Table 2.3 Hours, minutes, seconds and frames data in BCD form can be stored in
26 bits.

N [

Figure 2.2 A string of consecutive 1s or 0s requires the ability to
handle d.c.

Simple digital codes

A number of codes are available for the processing of digital data, each
with its own characteristics. It may, as we have seen, be necessary to
minimize d.c. content; there may be a requirement to read the code
correctly when the connector has been wrongly wired causing the data to
be inverted; the code may have to be self-clocking so that it can be correctly
read over a wide range of replay speeds - there will certainly be a need for
all the above in codes intended for LTC. Within many digital recorders
there may be a requirement for a high packing density of the digital data.

A number of digital codes are of interest where timecode is concerned,
and these will now be examined.
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Figure 2.3 Return to zero codes (a) are self-clocking but require 3 identifiable
levels. Non-return to zero codes (b) are more robust but are not self-clocking.
Frequency shift keying (c) requires a wide bandwidth, It is not polarity
conscious, unlike RZ and NRZ codes. Biphase mark code (d) is self-clocking and
not polarity conscious.

Return to zero (RZ) code

Nlustrated in Figure 2.3a, this code uses three levels or states. These can
be implemented in magnetic record/replay systems by using polarity
reversal of recording current to identify 0s and 1s, with zero current
representing absence of data. This code will be self-clocking, but it is not
immune from phase reversal resulting from connector pins being
reversed, since the positive and negative data pulses will be inverted. It
has found a use in the EBU/IRT timecode for 16 mm magnetic stripe film.

Non-return to zero code
This is illustrated in Figure 2.3b. This code has just two states. Polarity
R@DE Exhibit 1037
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22 Timecode

reversal indicates Os or 1s. The code is not self-clocking since there is no
way of distinguishing a run of 1s or Os at other than a known speed. The
code is subject to differentiation on replay. It is also polarity-conscious: if
a connector is reverse-wired the ones and zeros will be inverted. These
features make it unsuitable for direct recording of data on audiotape, but
it is used for VITC, where the record/replay speed will be known (since
the write/read speed of a helical scan video head is virtually independent
of linear tape speed for a given format), where there is no possibility of
polarity reversal, and where the recording system avoids signal differen-
tiation on replay.

Frequency shift keying (FSK)

FSK code uses different frequencies to represent different logical values.
For timecode with just two values (0 and 1), two frequencies will be
required. Since specific frequencies represent specific logic levels, filters
can be used to improve noise immunity, though this will prevent the
recorded code being read at other than standard play speed. This code
also has a poor packing density since several cycles will be required per
logic digit for decoding. The code is illustrated in Figure 2.3c.

FM or bi-phase mark code

Originally known as Manchester-1 code, this is used for longitudinal
timecode. It is, in effect, the limiting case of frequency-shift keying. It is
d.c. free and self-clocking. There is always a transition on a clock edge,
and an additional transition between edges to indicate logical 1. It is
illustrated in Figure 2.3d. It can be read over a wide range of play speeds,
hence its use for LTC, although its packing density and immunity from
timing jitter are poor. The code is not polarity-conscious, as it is the
presence or not of a transition that indicates 1 or 0.

Organization of digital data

One big advantage of processing information in digital form is that a
series of Os and 1s can be processed very easily, and at low cost, by
electronic switches. Data can be handed on from one switch to the next
very easily, and can be fed out from the system at a regular rate under the
control of an electronic clock. Figure 2.4 illustrates the processes.

To facilitate the above processes it is convenient to organize the data
stream into digital words or blocks, each of which has a known length and
contains information identifying the start (or end) of the word. It might
also be provided with some form of digital ‘address’ that will enable it to
be placed correctly in the data stream in the event of the data words not
being stored in order of time precedence. Figure 2.5 illustrates some
common forms of data organization. The details of the LTC word will be
covered in detail in Chapter 3.
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Clock Puises
1 0 1 1 ——*I Before 1st clock
1 0 1—= 4 After 1st clock
1 Y _‘EII:Ij After 2nd clock
1 —" 0 [ 1 1 After 3rd clock
— 1 0 1 1 l After 4th clock
After 5th clock
Before 1st clock | 1 0 1 1 STORE
After 1st clock l 1 0 1 1 ’ —
After 2nd clock 1 o 1 ] —1
After 3rd clock 1 0 | —1 1
After 4th clock 1 | —0 1 1
After 5th clock ‘ —1 Y 1 1

Figure 2.4 Digital data can be clocked into a shift register, then stored. They can
later be clocked out. The clock rates need not be identical as long as strategies
are employed to prevent the store from overflowing or emptying.

Causes of errors in digital systems

Errors can occur in digital processing systems for a variety of reasons.
They result in data being misread, possibly with catastrophic results.
Because of this, various techniques and working practices have been
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te) [eTeleTelclclcelr]

C = Charactor Code
P = Parity bit

) [HH[H[ R[] ]

H = Header Code
| » Channel instructions
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B15 - BO = information Word C9 - CO = Checkword

Figure 2.5 Common forms of data organization. ASCII codes carry
alphanumeric and control characters in packets of 8 bits (a). Seven carry data,
the eighth is parity. MIDI Header Codes comprise 1 byte divided into 2 nibbles
(b). The Radio Data System packages data into blocks of 26 bits (c). 18 of these
carry information, 10 perform identification and error checking.

evolved to reduce the incidence and effects of errors. For example,
checking bits may be added to each data word. These provide at the least
a simple warning that a single bit has been misread. At a more sophisti-
cated level, they may take the form of a complex code added to each data
word that will detect and correct many errors; the data word may be
repeated a number of times within a video frame to minimize the effects
of drop-out on tape; the data may be reprocessed every time they are
copied to avoid the cumulative effects of noise and distortion that may
eventually corrupt the data.

Causes of data corruption include phase distortion, timing errors,
drops in signal level, electrical noise and spurious spikes added to the
data.

Phase distortion

All reactive networks, whether capacitive or inductive, introduce phase
shift. At low frequency this is usually unimportant. In video circuits phase
shifts are always corrected for us, as if left uncorrected they would have a
profound effect on the viewed picture. The magnetic replay process also
causes phase shifts because it is one of differentiation. In all cases the
result is to move the timing of pulse edges.

This problem of phase shift is not pronounced for longitudinal
timecode at standard replay speeds, and tape machines specifically
designed to handle timecode will usually have integral re-shaping or
reprocessing circuitry so that a clean rectangular waveform is present at

Digital processing 25

the timecode output of the machine. However, some machines are not
designed for phase-corrected replay of timecode, and an operator may
well be faced with timecode on an ordinary audio track (for example,
with some industrial-grade formats). In these cases the timecode should
be reprocessed externally, particularly if the code is to be copied across
onto another machine. Reprocessing, also known as regenerating,
completely cleans up a digital signal as long as the data have not been
corrupted. Pulse edges are reshaped, noise and unwanted transitions
(spikes) are removed, and timing errors minimized. Reprocessing should
be thought of as a preventative measure rather than a cure, though as we
shall see in a later chapter, reprocessing may be used to repair corrupted
data. There is the possibility that noise reduction circuitry can cause
unwanted phase shifts, so noise reduction should be switched off on any
track being used for timecode.

Timing errors

Plainly, if a tape is to be replayed at other than standard speed (or at least
within a few per cent of standard speed) the digital data are not going to
be read at the correct rate. Most timecode readers will accept data over a
wide range of spooling speeds, and feed it out at the standard rate after
reprocessing. They may cause timecode numbers (addresses) to be
repeated if the replay speed is slow, and can result in gaps in the
addresses at high spooling speeds. Where timecode data are recorded on
the helical tracks of videotape or R-DAT machines, the read head may
scan more than one recorded track when playing at other than standard
speed. In some formats it is possible for the timecode to be distributed
among the programme data in such a way that it can be re-assembled
(R-DAT is such a format); in others the replay head(s) can be dynamically
repositioned to follow the recorded tracks.

Figure 2.6 Timing jitter reduces the time window during which data may be
read unambiguously.
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One major cause of timing errors at standard speeds on helical scan
machines is small variations in tape speed due to ‘flutter’. Magnetic tape
is slightly elastic; as it passes in front of tape heads and fixed guides,
friction causes a stick-slip effect which superimposes small high-frequency
variations on the standard speed, called “jitter’. Figure 2.6 illustrates the
effect on timecode pulse edges. The decision-making elements in a digital
system have a certain latitude of replayed level beyond which the result
is improbable. Timing jitter will reduce the window still further, as Figure
2.7a shows. The combination of timing jitter and partial dropout results in
a trade-off between the two, known as the ‘eye height’ (Figure 2.7b). Any
pulse transition falling outside this clear area of the ‘eye’ will result in
possible misreading. If the misread bit was weighted to contain a signifi-
cant proportion of the total value the result could be catastrophic.

All tape record/replay systems suffer from this problem, and, as we
have seen in Chapter 1, video replay machines are equipped with
timebase correctors to correct for this on their video output(s). Timing
errors on videotape machines can be quite severe without the picture
being affected because of the timebase corrector, but an audio machine
slaved to unreprocessed longitudinal timecode coming directly off the
video tape can hunt in speed as it attempts to follow the varying timecode
rate. The solution to this problem is either to reprocess the off-VCR
timecode, or to ensure that any synchronizer interface between video
master and slave audio will smooth out these speed variations so that
“wow’ is not noticeably present. This subject will be dealt with in detail in
Chapter 9.

i ///// \:\\\\k\\\ i
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Figure 2.7 Timing jitter and amplitude variations combine to reduce the clear
window (a), and can be traded off against each other (b) to give an ‘eye height’
diagram. This will specify system performance in terms of timing stability and
amplitude variation.
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Drop in replay level

Longitudinal timecode is often recorded at low levels of magnetic flux
(compared with, say, peak level programme material) in order to
minimize crosstalk. Variations in replayed level are therefore likely to
cause problems. Dirty replay heads are a major cause of dropout. This is
a particular problem with some video formats because of the low linear
tape speeds. At the comparatively slow data rates employed by longitud-
inal timecode, dropout has to be quite severe before time data is lost, but
if timecode is embedded either within the analogue video signal or within
the bit stream of digital programme data, then even short-term dropout
can cause severe loss of code. Analogue video recording systems, as we
saw in Chapter 1, have their own specific ways of coping with this
eventuality. Digital systems can handle loss of data in much more sophis-
ticated ways as there is no need to handle the signal in real time.
Compressors and limiters effectively reduce the dynamic range of any
signal being recorded, as do automatic level controls. Because of this they
should be bypassed on any track used to record longitudinal timecode.

Spikes appearing on the data

The usual cause of spikes appearing on a digital bit stream is poor instal-
lation. It may be that electrical machinery using the same mains supply is
switching on and off, putting sudden spikes or noise signals onto the
mains and these are finding their way onto the data-processing circuits,
There is absolutely no excuse for digital systems crashing because of
mains-borne interference. If the cost of a purpose-installed technical earth
is prohibitive then interference suppressors should be fitted in the mains
supplies. Chapter 7 deals with the matter.

Error detection

If all preventative measures fail and data become corrupted, then some
form of warning (error detection) will enable strategies to be employed to
prevent the errors causing problems.

The simplest form of error detection, as far as timecode is concerned, is
to check the time data in the incoming word against the time data in the
previous word. If the times are not contiguous then either the incoming
word has been corrupted or there is a deliberate change in the time data.
A corruption to the data is unlikely to last over more than a couple of
frames so the incoming data can be examined for a few frames, while the
regenerator generates a contiguous set of timecode words based on the
last known (assumed) good word, Figure 2.8 illustrates this. Depending
on the data arriving after the discontinuity, there will be a number of
options open for action. These will be examined in Chapter 7.

Itis possible to include a single bit of data within a digital word, usually
(but not necessarily) at the end, whose value is chosenRgBEtERfibils 037
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even (or odd) number of 1s within the word, depending on the protocol.
This additional bit is called a ‘parity bit’. When the codeword arrives, the
number of 1s can be checked to see whether there is an even (or odd)
count. This process is known as ‘parity checking’. A protocol requiring an
even (odd) total of 1s in the word is called ‘even (odd) parity’. Figure 2.9
illustrates the principle. A single parity check cannot guarantee to detect
more than one single error per word, nor can it indicate which bit is in
error. The longitudinal timecode word contains such a bit. It was not
intended as a parity bit, it was intended to make the join between succes-
sive codewords smoother (see Chapter 3), but it is in effect a parity bit,
and as such can be used for checking the validity of the word - though
whether a single parity bit is of much use to an eighty-bit word is open to
debate.

Faulty

Timecode Regenerated

Off tape Timecode

00:23:14:21 00:23:14:21

00:23:14:22 00:23:14:22

00:23:14:23 00:23:14:23

00:23:14:24 00:23:14:24

00:23:15:00 00:23:15:00

00:23:15:01 00:23:15:01

00:23:15:02 00:23:15:02

00:23:15:03 00:23:15:03
Unreadable 00:23:15:04 Re-generated
code off 00:23:15:05 code fills in
tape FEERRs—— 00:23:15:06 missing addresses

00:23:15:07 00:23:15:07

00:23:15:08 00:23:15:08

00:23:15:09 00:23:15:09

00:23:15:10 00:23:15:10

00:23:15:11 00:23:15:11

Figure 2.8 A regenerator can continue generating a contiguous series of time
addresses in the event of short-term loss of code. Long-term loss can be regener-
ated if all devices are connected to a common set of sync pulses.

More sophisticated forms of error detection are the Cyclic Redundancy
Check Code (CRC or CRCC) and the Checksum, both of which are used
with various forms of timecode. Both forms of error detection involve
placing a codeword on the end of the data word before transmission or
recording, and using it after reception or replay to check whether the time
data have been corrupted. The value of the codeword is determined by
the weighted values of the digits making up the time data. CRCs and
checksums are extremely powerful tools for detecting errors. They both
require additional bits to carry the checking data, which has implications
for the data rate. The CRCC used in Vertical Interval Timecode can detect
burst (i.e. consecutive bit) errors with a certainty of better than 99.5%
(misdetection is less than 1/256 for a burst error of 10 consecutive bits or
more).

Digital processing 29
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Figure 2.9 Even parity. If a single bit fails, an odd number of 1s results. This can
be detected, but there is no indication of which bit has failed, nor will errors in
an even number of bits be detected.
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CHAPTER 3

The timecode word

As this edition went to press, the EBU/SMPTE Task Force for
Harmonized Standards for the Exchange of Programme Material as
Bitstreams issued its final report. It identified the following requirements
regarding timecode:

Timecode standard should be the revised SMPTE12M (still under revision
at this time).

The original quadruplex cue track

When practical videotape recorders were first being developed by the
Ampex Corporation, a narrow-bandwidth, voice-quality audio track was
incorporated onto the then current 2-inch VIRs in addition to the high-
quality audio track. Although designed principally to record such
material as talkback, the bandwidth of this longitudinal track allowed a
2400 baud (bits/second) digital signal to be recorded and replayed. At a
video frame rate of 30 fps, this corresponds to a density of 80 bits per
frame. The bit rate was limited by the need to read the signal while the
tape was spooling.

The development of a longitudinal timecode (LTC) word

An 80-bit word will permit 2% (equivalent to approximately 10%%)
combinations of information to be incorporated in each frame. This is far
in excess of that required to record hours, minutes, seconds and frames
(approx. 10% or 2%9). Longitudinal timecode requires 26 bits to record a
frame-accurate time address, so additional data could be incorporated.
This has been fortunate, as later developments have been able to use the
spare capacity.

The biphase mark code

Although binary nuinber systems lend themselves readily to processing

The timecode word 31

by electronic circuitry, we saw in Chapter 1 that the output voltage of a
magnetic record/replay device depends on the derivative (rate of change)
of the recorded magnetic flux on replay rather than the absolute flux level,
so runs of consecutive digits without any transitions in flux on replay
cannot be decoded.

In Chapter 2 we saw that RZ, NRZ and FSK codes are all unsuitable for
longitudinal timecode. To make the code self-clocking, while exploiting
the full potential amplitude for code pulse transitions, and to make it
immune to accidental polarity reversals, the clocking information is
incorporated into the code itself, using the pulse edges rather than the
instantaneous code polarity to carry the digital information.

0 0 1 1 0 1 0

Figure 3.1 Biphase mark systems are independent of signal polarity, are self-
clocking and d.c. free.

A digital zero is represented by the absence of any transition in the
middle of the space between clock pulse edges, a digital one is
represented by such a transition, positive- or negative-going as
appropriate. The start of each bit space is marked by a transition, again
positive- or negative-going as appropriate (Figure 3.1). Decoders in
timecode readers enable the signal to be read over a wide range of replay
speeds. The d.c. value of the code varies very little, simplifying the design
of associated electronics. The ability to detect sharp pulse edges for timing
accuracy will require a bandwidth capable of passing at least the 3rd
harmonic of the fundamental frequencies.

User bits

The spare capacity permits timecode users to incorporate digital informa-
tion of their own, grouped in the form of 4-bit words. These binary groups
are commonly called ‘user bits’. They can be used for a variety of
purposes such as identifying take/shot numbers, calendar date, client
code etc. The only limitation to their use is the ingenuity of the user.
Several versions of the standard code have the option of putting a date
into these groups, others incorporate alphanumeric character codes
(ASCII code), and yet others can record details of a film shoot, such as
scene, take and roll numbers.

There are eight of these groups per frame, so up to 8 x 25 = 200 4-bit
blocks of information can be sent per second in a 625/50 system. Eight
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bits (7 data, 1 parity) are required for each alphanumeric character, so four
8-bit characters can be sent per video frame.

The form of the LTC word

When applied to video- and audiotape recording, the code is continuous.
Each codeword starts at the clock edge immediately before the first bit (bit
0). The bits are uniformly spaced, and there are eighty bits per frame. The
resulting bit rate varies between 1920 bits/second (for 24 fps applications)
and 2400 bits/second (for 30 fps). Used as a time and control code for
television recorders, the previous EBU and SMPTE standards have been
incorporated into the IEC standard 421:1986 (amended in 1990). Within
the EBU this has been implemented as EBU standard N12: 1994. In the UK
this has been implemented as BS 6865:1987 (amended 1993) and in the
USA as SMPTE 12M:1994 (which also includes a specification for
timecode for use with High Definition TV having 1125 lines/frame at 60
fps). This book will refer to the code as IEC timecode, and will highlight
the difference in its implementation by the EBU and the SMPTE in terms
of 625/50, 525/60 and 1125/60 versions of the code. The implementation
of the SMPTE 24 fps code for film use will be dealt with at the end of this
chapter, and again separately in Chapter 5.

Frames units

1st binary group } Byte 1
s ) e
gi;?t:qii:lrl;n;soup } Byte 3
ifl‘cl%riﬁaze;;roup } Byte 4
g/tlli‘lntl;lit:asr;ngiiup } Byte 5
I(:flilnll)lifjr;?;ioup } Byte 6
e L} e
;l?lut:—isn;err;sgroup } Byte 8
Synchronization Byte 9
Synchronization Byte 10

Figure 3.2 The LTC word comprises 10 bytes. Eight of these carry time and
control data, two carry synchronization and direction information.
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LTC byte arrangement

In both versions of the code, the longitudinal timecode word can be
thought of as comprising 8 bytes (64 bits) of data followed by 2 bytes (16
bits) of synchronizing information (Figure 3.2), making 80 bits in all,
numbered 0-79. Twenty-six of the available bits are used to indicate the
coded time down to the nearest frame. The time information is distributed
throughout the length of the complete word.

Each data byte is divided into two 4-bit nibbles; 2, 3 or 4 bits of time
data in the first nibble, and 4 bits of user data in the second. Bytes 2, 4, 6
and 8 contain additional information in the first nibble of each byte. This
information differs slightly between the 625/50 and 525/60 versions of
the code. The arrangement of the data in bytes, and the placing of the user
information in the second nibble of each byte permits easy implementa-
tion of control data such as edit decision list information for an edit
controller, shot listing on location, and the carrying of additional
timecodes, enabling the video post-production of film. As the binary
groups are arranged in groups of four bits, they can each be used to
represent a hexadecimal number, or can be combined in pairs to carry 4
International Characters (ASCIL, etc.) per timecode frame. In both the
625/ 50 and 525/60 versions of the code the time and user data occupy
the same places within the complete word, as Figure 3.3 illustrates.

The assignment of the time bits can be summarized as follows:

Pictures  Units: Bits 0-3: arranged 1, 2, 4, 8: count 0-9
Tens: Bits 8-9: arranged 1, 2: count 0-2
Seconds  Units: Bits 16-19: arranged 1, 2, 4, 8: count 0-9
Tens: Bits 24-26: arranged 1, 2, 4: count 0-5
Minutes  Units: Bits 32-35: arranged 1, 2, 4, 8: count 0-9
Tens: Bits 40-42: arranged 1, 2, 4: count 0-5
Hours Units: Bits 48-51: arranged 1, 2, 4, 8: count 0-9
Tens: Bits 56-57: arranged 1, 2: count 0-2

A twenty-four-hour clock is used. The first frame of the day is reckoned
as 00h 00m 00s 01f (00h 00m 00s 00f is reckoned as midnight at the end of
the day — the count does not go up to 24h 00m 00s 00f).

Bits 64 to 79 make up that part of the overall timecode word called the
‘synchronizing word’. This consists of a pair of 0s at its start, a 0 and 1 at
its end, and a chain of 12 1s in between. The purpose of the synchronizing
word is two-fold: it serves to indicate clearly the end of one word and the
start of the next, since nowhere else in the word can twelve successive
ones exist. It also indicates whether the tape is being played forwards or
backwards since the pair of Os will come first if the tape is being moved
forwards, and a 1 followed by a 0 will indicate the tape being moved in
reverse (Figure 3.4).

In both 625/50 and 525/60 versions of the code, bits 10, 11, 27, 43, 58
and 59 carry no time or user data. The implementation of these additional
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625/50 Bit BCD 525/60
Systems no. wgt Systems
0 1
1 2 Frames
2 4 units
3 8
4
5 1st user
6 group
7
8 1 Frames
9 2 tens
Unassigned 10 Drop frame flag
Colour frame flag 11 Colour frame flag
12
13 2nd user
14 group
15
16 1
17 2 Seconds
18 4 units
19 8
20
21 3rd user
22 group
23
24 1 Seconds
25 2 tens
26 4
Binary group flag 0 (BGF0) 27 Biphase mark correction
28
29 4th user
30 group
31
32 1
33 2 Minutes
34 4 units
35 8
36
37 5th user
38 group
39
40 1 Minutes
41 2 tens
42 4

Figure 3.3 The 625/50 and 525/60 LTC words compared.
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Binary group flag 2 (BGF2)

Binary group flag 0 (BGF0)

6th user
group

W N =

Hours
units

7th user
group

—

Hours
tens

Binary group flag 1 (BGF1)
Biphase mark correction

Binary group flag 1 (BGF1)
Binary group flag 2 (BGF2)

8th user
group
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Figure 3.3 cont.

data bits varies between the two versions of the code, and will be dealt

with separately.

The detail of the 625/50 LTC

The implementation of the additional data bits is as follows.
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Data flow (tape forward)

SOOO 1|1[1|1 Ll 1I1|1|OIT|1-|;{1IR
-———-Syncword—————ol

(a)

A

-
==
—_

Data flow (tape reverse)

(b)

Figure 3.4 The 2 bits at either end of the synchronization word are not
symmetrical. This enables the direction of tape motion to be determined.

Bit 10

Unassigned. The use of this bit is reserved by the IEC. Until it is assigned
it must be a permanent zero.

Bit 11

This is the colour frame flag bit. Its purpose is to indicate whether or not
the timecode has a specific relationship to the phase of the colour sub-
carrier. As discussed in Chapter 1, the colour sub-carrier changes phase
with respect to the line sync pulse every line in order to minimize
patterning, and it takes eight fields, four complete frames in PAL systems,
to return to its original phase at the beginning of the frame (the first of the
broad pulses in the vertical interval in 625/50 systems). In the SECAM
system the sequence is 2 frames (4 fields) long. In both these systems the
colour sub-carrier, extrapolated back to the leading edge of the first line
pulse of the first field of the day shall be crossing zero and going positive
(Figure 3.5). The international standard is that the first frame of the day
will be frame 1, fields 1 and 2. To achieve this relationship the timecode
generator needs to be locked to the sync pulse generator generating the
colour sub-carrier. When the relationship is correct, bit 11 in the timecode
word is set to digital 1. The details are covered in Appendix 1.

Bits 27, 43 and 58

We have already seen that the binary groups can be set to carry additional
information such as the eight-bit character set specified in ISO 646 and
ISO 2022. Prior to 1993, bit 58 was unassigned, and bits 27 and 43 flagged
the use of the binary groups to carry these characters. In 1993, however,
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Figure 3.5 At the start of the first field of the day, the colour sub-carrier is
crossing zero, going positive, at the same time as the leading edge of the first
sync pulse is at half amplitude.

the SMPTE proposed the use of bits 27, 43 and 58 to flag the extended use
of the binary groups in a ‘page-line index’ through the use of time
multiplexing the data over several timecode words. This extended use
permits the carrying of an additional timecode, control codes, text and
production information. A description of the page-line index is given in
Appendix 5, the detail being given in SMPTE 262M. The following truth
table applies to these bits in 625/25 systems:

Bit 27 Bit 43 Bit 58

BGFO0 BGF2 BGF1
Character set unspecified 0 0 0
8-bit set to ISO 646 and ISO 2022 1 0 0
Page/line index 1 1 0

All other states are unassigned and should be set to zero as their use is
reserved.

Figure 3.6 illustrates the arrangement of the binary groups for the 1SO
character sets. Groups 1/2, 3/4, 5/6, 7/8 each combine to define one ISO
character.

The basic ISO 646 character set defines two 7-bit Latin code tables:

(a) Basic code table with all alphanumeric characters, punctuation marks,
and control functions, together with ten free codes for national use and
some limited graphics.

(b) International reference version (IRV), having the national characters
filled, and a choice made where more than one graphic symbol is
shown in the basic table.
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1 2
Binary 3 4
groups | 5 6
7 8
7bit150 b1 b2 b3 b4 bS5 b6 b7 O
“ a1la2]a31a4 “ aS.aﬁla?laB E
8 bit 150

Figure 3.6 The eight 4-bit user groups may be combined to carry four
alphanumeric characters to either ISO 646 or 15O 2022 standards.

The ISO 2022 gives code extension techniques by converting the code to
8-bit, based on the ISO 646 ‘Escape’ command. This gives access to a
library of centrally-registered characters such as ASCII and Teletext. The
registration is done by the French National Standardization Office
(AFNOR).

If bits 27 and 43 are set to 0 and 1 respectively, this indicates the use of
the binary groups for carrying information when shooting with film.
Although the SMPTE has an accepted standard, at the time of writing it
has not been adopted in Europe.

Bit 59

This is the biphase mark correction bit. There are many occasions during
post-production when non-contiguous sections of code (that is, code
recorded as a continuous stripe, but where the time addresses do not
increment up one at a time) may have to be joined together. This will
happen when programme material comes from different parts of the
master tape(s), or when Time of Day code has been recorded. When this
occurs there is the possibility of losing the clock edge at the join, causing
the timecode readers and synchronizers to miscount.

The following example explains the principle. Consider a 5-bit word
containing 4 bits of data plus a spare bit. If we joined together two such
words, the first containing 0101, with the spare bit set to 1, the second
containing 0111, with the spare bit set to 1, the two words will join
together in such a manner as to preserve the clock edges at the joint
(Figure 3.7a). However, should the first word contain an odd number of
0s, for example 1110, with the spare bit set to 1, then the clock edge will be
lost at the join (Figure 3.7b).

The way round the problem is to ensure every word contains an even
number of 0s (and hence an even number of 1s). Bit 59 is put in a state to
make bits 0 to 79 of the timecode word contain an even number of 0s. At
the time of writing the biphase mark correction bit is not a requirement
for tape interchange.

—
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(a)
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(b)

Figure 3.7 (a). A word ending with a positive-going transition will join the next
word. unambiguously. (b) If the word ends with a negative-going edge the
transition will be lost.

-
-
-

Codeword timing

Synchronization of the codeword with the video signal is necessary if the
codeword is to identify accurately an individual video frame. For the
625/50 version of the code, the start of the word (the half-amplitude point
of the leading edge of bit 0) shall occur within the period of the field

(broad) pulses at the start of the frame with which the codeword is associ-
ated (Figure 3.8).

The detail of the 525/60 LTC

Although. the' 525/60 code runs at 30 fps or so for video, the time data,
synchronization and binary groups bits are arranged in exactly the same
way as the 625/60 version. The remaining bits differ in their application.

Bit 10

This is the drop fr.an}e flag. It is used to indicate whether the frame rate is
exactly 30 fps or if it is approximately 29.97 fps. It is set to ‘1’ if a 29.97
(drop frame) rate is being used. .
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Field2, 4,6, 8 Field 1, 3,5,7

Tolerance interval for the
start of the code word

Figure 3.8 The LTC word must start within the first 2 lines of the frame in
625/50 systems.

Bit 11

This is the colour frame flag bit. The NTSC system utilizes a 4-field colour
sequence, the frames being labelled ‘A’ and ‘B’. If an even timecodg
address identifies an ‘A’ frame, and an odd address a ‘B’ frame then this
bit is set to “1’. Note that to maintain the sequence through an edit point,
an even code address must be followed by an odd one. Drop frame
working permits this because two consecutive frames are dropped at the
start of each minute (except each tenth minute), and not one frame each
30 seconds.

Bit 27

This is the biphase mark correction bit. It performs exactly the same
function as its counterpart in the 625/50 version of the code, so'the detail
will not be repeated here. One point worthy of note, however, is that the
original version of this code did not provide this facility, so this bit was set
to permanent zero. As a result some elderly NTSC editing systems cannot
read timecode correctly with biphase mark correction in operation. Note
that its position in the word differs from its 625/50 counterpart.

Bits 43 (BGF0), 58 (BGF1) and 59 (BGF2)

These are the binary group flags. They perform similar functions to the.ir
counterparts in the 625/50 version of the code, though their positions in
the word differ from their 625/50 counterparts. There are SMPTE
standards and recommendations for the use of the binary groups with
film. These are covered in Chapter 5. These flags signal the various uses.

Codeword timing

In the 525/ 60 version of the code, the start of the word (the half-amplitude
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Field 2, 4, 6, 8 Field 1, 3,5,7
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Tolerance interval for the
start of the code word

Figure 3.9 The LTC word must start within lines 6/7 of the frame in 525/60
systems.

point of the leading edge of bit zero) shall coincide with the start of line
seven of the frame with which the codeword is associated, plus or minus
one line (Figure 3.9). Note that the specification for the start of a field
differs between 625/50 and 525/60 systems.

The requirement for vertical interval timecode (VITC)

Longitudinal timecode has several shortcomings when used to edit
videotape. Chief among these are the impossibility of reading it when the
tape is stationary, or when the tape is being jogged slowly to find an exact
edit point. As a number of lines in the field interval are not used to carry
pictures, it is possible to utilize some of them to carry timecode. Though
some may carry chrominance information, test signals or teletext informa-
tion, enough are available, with careful choice of line, to carry timecode
during the editing stages of production. As the active line period is
approximately 52 ys long in both 625/50 and 525/60 system:s it is possible
to incorporate a 90-bit code into one or more of these spare lines without
exceeding the bandwidth limit (Figure 3.10).

The form of the VITC word

The VITC word is ninety bits long (bits 0-89). It takes the form of 8 bytes
of time and user data, each byte (including the first) being preceded by a
pair of synchronizing pulses. The eight data bytes are followed by 1 byte
of cyclic redundancy check code (Figure 3.11). It is incorporated within
the vertical interval in each field of the video signal, with a margin of a
few lines before the active frame. There are differences in the lines
specified as valid for the code between 625/50 and 525/60 versions, and
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Figure 3.10 A 90-bit word may be incorporated within the active line period
without exceeding the bandwidth limits.

these will be dealt with separately. It has traditionally been repeated twice
within each field to guard against dropout. Since dropout may have a
duration of more than one line, VITC is usually recorded on two non-
adjacent lines with an intervening blank line between them. At the time of
writing there is no agreed standard as to which lines VITC should occupy.
Recent developments in timecode applications, and increasing pressure
on the use of the vertical interval for additional signals, have led manufac-
turers to provide the options that include VITC on 1 line per field, and
VITC repeated in a block over several consecutive lines. Since the code is
incorporated within each field of the video frame, it is possible to include
information within the codeword to identify the field.

The vertical interval version of timecode need not be self-clocking,
since the reading speed of a videotape machine scanning head is virtually
independent of tape speed within certain limits. The code is therefore not
biphase, and a simple ‘non return to zero’ code is used. There is no
synchronizing word because, being incorporated within a small part of a
complete video field, the data are not presented as a continuous bit
stream. As the video heads will always read the video tracks in the same
direction, there is no need to indicate the direction in which the time
address data are being presented.

A digital 1 is represented by a positive voltage substantially above
blanking level (its actual level differs between the 625/50 and 525 /60
versions). A digital 0 is repesented by a voltage at blanking level.

As the codeword occupies approximately 50 us of the active video line,
the data rate is 1.8 megabits/second. If the bits presented are a sequence
of 1s and Os, this rate of data represents a fundamental frequency of
0.9 MHz. To preserve the steep pulse edges required for timing accuracy,
the third harmonic must be present. This implies a bandwidth require-
ment of at least 2.7 MHz. Not all industrial-grade (or domestic!) video
recorders will support this.

The timecode word 43

Synchronization

Frames units }

1st binary group Byte 1

Synchronization

Frames tens } Byte 2

2nd binary group
‘Synchronization

Seconds units }

3rd binary group Byte 3

Synchronization

Second tens } Byte 4

4th binary group
Synchronization

Minutes units ]

5th binary group Byte 5

Synchronization

Minutes tens
6th binary group ] Byte 6
Synchronization

Hours units
7th binary group } Byte 7
Synchronization

Hours tens }

8th binary group Byte 8

Synchronization

Cyclic redundancy
check code

Figure 3.11 The VITC word comprises 8 data bytes containing time and control
information, followed by a single byte for error detection. Each byte is preceded
by two synchronizing bits.

In both 625/50 and 525/ 60 versions of the code, the time and user data
occupy the same places within the complete word, as Figure 3.12 (pp. 44—
45) illustrates, though the positions of the flag bits can vary, as with LTC.

The cyclic redundancy check bits

Parity checking is unsuitable for videotape applications because of the
high risk of tape dropout. In place of the now unnecessary synchronizing
word, the VITC word contains 8 bits of error protection in the form of a
cyclic redundancy check word, bits 82-89. The generating polynomial is
G(x) = x® + 1. There is no automatic error correction within the word but,
as we see later, other techniques are employed to improve the immunity
of the system to errors. As codeword is repeated several times per frame
there is a high probability of the data being recovered without error.

R@DE Exhibit 1037
R@DE Microphones, LLC, et. d v. Zaxcom, Inc.
Page 29 of 148




— — = 3 e L — T — =7, - = Ty B
e P
44  Timecode The timecode word 45
625/50 Bit BCD 525/60 42 1
Systems no. wgt Systems 43 2 Minutes
44 4 units
0 Sync 45 8
1 bits
46
9 1 47 5th user
3 2 Frames 48 group
4 4 units 49
5 8 50 Sync
51 bits
6
7 1st user J 52 1 Minutes
8 group 53 2 tens
9 54 4
10 Sync Binary group flag 2 (BGF2) 55 Binary group flag 0 (BGFO)
11 bits
56
12 1 Frames 57 6th user
13 2 tens 58 group
59
Unassigned 14 Drop frame flag
Colour frame flag 15 Colour frame flag 60 Sync
61 bits
16 62 1
17 2nd user 63 2 Hours
18 group 64 4 units
19 65 8
20 Sync 66
21 bits 67 7th user
68 group
22 1 69
23 2 Seconds
24 4 units 70 Sync
25 8 71 bits |
2% 72 1 Hours 1
i
27 3rd user 0 z tens
28 group Binary group flag 1 (BGF1) 74 Binary group flag 1 (BGF1)
29 Field marker bit 75 Binary group flag 2 (BGF2) |
30 Syne 76
31 bglts 77 8th user
78 group
32 1 Seconds 79
33 2 tens
80 Sync
4 4 81 bits
Binary group flag 0 (BGF0) 35 Field marker bit 8
83
36 84 '
37 4th user Cyclic redundancy 85 Cyclic redundancy
38 group check code 86 check code
39 87
88
40 Sync 89
41 bits
Figure 3.12 The 625/50 and 525/60 VITC words compared. Figure 3.12 cont. |
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48 Timecode

The detail of the 625/50 VITC

Position within the field interval

In its 625/50 version, the VITC word is Placed no earlier than line 6 (319),
and no later than line 22 (335). However, there are constraints about
which lines are most suitable, since the field interval is often used for
processes other than field synchronization. In the SECAM system lines 7
to 15 (320 to 328) are occupied by field identification signals, so should be
avoided. To avoid possible reading errors which may arise in the presence
of skew, a margin should be allowed between the video head switching
points and the recorded VITC word. For similar reasons an adequate
margin should be used if dynamic tracking (DT or AST) heads are
employed. Some lines may be used for other signals. C-format VTR
machines suffer from format dropout (see Chapter 4), and 12 lines in the
vertical interval will not be recorded unless the sync head option is
employed. Component Analogue tape recorders put VISC on line 8 or 10
(321 or 323), and lines 17 and 18 may be used for engineering test signals.
Figure 3.13 illustrates the possibilities and limitations. Common practice
involves placing the VITC word on lines 19 and 21 in its 625/50 version,
and most VITC generators and readers are factory-set at these lines.

Position within the line

The word occupies 49.655 us (nominally), being generated at 115 x F, +2%
bits/s, where F; is the line repetition frequency. Hence the nominal bit
rate is 1.796875 Mbits/s. This is a lower rate than previously specified but
the previous bit rate does lie within the new tolerance. The word should
start no earlier than 11.2 us after the start of the line synchronizing pulse,
and if the last bit is a ‘1" it should end no later than 1.9 us before the
leading edge of the synchronizing pulse for the next line. This gives a
maximum duration of 50.9 us available for the codeword. The pulses

iy
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I

,f il
L‘, ; TR
——d e m—ee——— SS, _________ .1‘ Il__...l

90 bits
- 49.655us
nominal

T ~
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I [V
] .
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i
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1
i
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11,2;.15—4

J 64us |

Figure 3.14 The position of the VITC word within the 625/50 line.

The timecode word 49

should be equally spaced. A logical ‘0" is represented by a level of 0-25
mV, and a logical ‘1’ by a level of 500-600 mV. Figure 3.14 illustrates.

Bit assignment

Synchronizing bit pairs 0,1; 10,11; 20,21; 30,31; 40,41; 50,51; 60,61; 70,71;
80,81

Each of these pairs consists of a fixed ‘1’ followed by a fixed ‘0’. Their
distribution throughout the codeword is necessary because VTR
machines suffer small timing errors (called ‘velocity errors’) along lines,
which result in a degree of jitter. Although these errors are dealt with by
timebase correctors, the process can also replace the synchronizing pulses,
colour bursts and the vertical interval, together with the timecode. If this
is the case, it will be necessary to regenerate the code prior to timebase
correction, while small timing errors still exist, re-inserting the code after
timebase correction (Figure 3.15).

Reference
Yideo » Video
n_ Timebase out
Ynn = corrector
video
|-
Video
VITC in
de regenerator )
i‘:meco Video out with
regenerated VITC

Figure 3.15 A timecode regenerator may be needed if the timebase corrector
replaces the whole of the vertical interval.

Bit 14

This is unassigned. The IEC reserves its use. It should be fixed 0 until
specified by the IEC.

Bit 15

This is the colour lock flag bit. It is set to logical ‘1" when the timecode is
locked to its associated PAL colour signal in accordance with the 8-field
sequence (4-field in SECAM), and the video signal has the preferred
subcarrier-to-horizontal phase relationship. Its purpose has been covered
in discussion of the 625/50 longitudinal code earlier in this chapter.
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50 Timecode

Bits 35, 55 and 75

These are the binary group flag bits. The detail has been covered in
discussion of the 625/50 longitudinal code earlier in this chapter.

Bit 75

This is the field identification flag bit. VITC has no need of a biphase mark
correction bit. The equivalent bit identifies the fields without reference to
the field sync pulse sequence. It is set to logical ‘1" during fields 2, 4, 6 and
8, and to logical ‘0" during fields 1, 3, 5 and 7 in PAL (fields 2,4 and 1,3 for
SECAM).

The detail of the 525/60 VITC
Position in the field

In 525/60 systems the VITC word is placed no earlier than line 10 (273)
and no later than line 20 (283). To avoid decoding errors in the presence
of skew, a margin should be allowed between the head switching points
and the lines used for recording VITC. Some lines may be used for vertical
interval test signals (VITS). The C-format VIR has 10 lines of format
dropout in the NTSC system.

Position in the line

The word occupies 50.286 ys (nominally), being generated at 115 x F, £2%
bits/s, where Fy, is the line repetition frequency. Hence the nominal bit
rate is 1.81125 Mbits/s. This is a higher rate than previously specified but
the previous bit rate does lie within the new tolerance. The word should
start no earlier than 10 us after the start of the line synchronizing pulse,
and if the last bit is a ‘1’ it should end no later than 2 ys before the leading
edge of the synchronizing pulse for the next line. This gives a maximum
duration of 50.566 us available for the codeword. The pulses should be
equally spaced. A logical ‘0" is represented by a level of 0-10 IRE, and a
logical ‘1’ by a level of 70-90 IRE. Figure 3.16 illustrates.

T 1
My iR
[ v
— 70-90 IRE {
‘ o Al 50%
; oy i |
S ‘SS‘ _______________ it
| 90 bits
e=10us ~> 50.286us
min nominal
} 63.555us

Figure 3.16 The position of the VITC word within the 525/60 line.

The timecode word 51

Bit assignment

The sync pairs, time and user data bits, and the CRCC bits are identical to
the 625/50 version of the code.

Bit 14
This is the drop frame flag (see p. 39).

Bit 15
This is the colour frame flag (see p. 40).

Bit 35

This is the field identifier flag bit. A logical ‘0’ represents fields 1 and 3, in
which the first pre-equalizing pulse follows the last line synchronizing
pulse by one whole line. A logical ‘1’ represents fields 2 and 4, in which
the first pre-equalizing pulse follows the last synchronizing pulse by a
half line.

Bits 55, 74 and 75
These are the binary group flag bits (see pp. 36-38).

Comparisons between LTC and VITC in both 625/50 and 525/60 versions

The bit contents of 625/50 LTC and VITC are compared in Figure 3.17
(pp. 52-53). The 525/60 LTC and VITC are compared in Figure 3.18
(pp. 54-55). The technical differences are covered in Appendix 2.

Timecode and MPEG-2

SMPTE Standard 312M specifies the technique for carrying notification of
‘splice points’ in the MPEG-2 transport stream, Splice points identify
events such as a break from network to carry a commercial (ad), or a
return to network after carrying a commercial. Programme identifier
streams, carried separately from the transport stream, contain tables that
provide command and control information for the splicer (the equipment
making the switch). These tables can be sent ahead of time, perhaps 8, 5,
4 and 2 seconds in advance; the splicer may be given a preroll warning; or
a command may be given to execute the splice at a particular time.

The information is given in a number of tables, and one of these, Table
11, carries SMPTE12M timecode as a 64-bit word. These bits are the time
and control bits of VITC, without the synchronizing bit pairs or cyclic
redundancy check code, stored LSB first. An LTC timecode source can be
used, but the bits must be remapped to conform to VITC standard. At the
time of writing, SMPTE12M is being rewritten to provide for time zone,
date and clock time reference.
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52 Timecode

VITC LTC
bit no. bit no.
0 1 Synchronizing bit

1 0 Synchronizing bit

2 1 1 0
3 2 Units of frames 2 1
4 4 4 2
5 8 8 3
6 4
7 1st user group 5
8 6
9 7
10 1 Synchronizing bit

11 0 Synchronizing bit

12 10 Tens of frames 10 8
13 20 20 9
14 Unassigned bit 10
15 Colour lock flag 11
16 12
17 2nd user group 13
18 14
19 15
20 1 Synchronizing bit

21 0 Synchronizing bit

22 1 1 16
23 2 Units of seconds 2 17
24 4 4 18
25 8 8 19
26 20
27 3rd user group 21
28 22
29 23
30 1 Synchronizing bit

31 0 Synchronizing bit

32 10 10 24
33 20 Tens of seconds 20 25
34 40 40 26
35 Binary group flag 27
36 28
37 4th user group 29
38 30
39 31
40 1 Synchronizing bit

41 0 Synchronizing bit

Figure 3.17 The 625/50 VITC and LTC words compared.

The timecode word 53

42 1 1 32
43 2 Units of minutes 2 33
44 4 4 34
45 8 8 35
46 36
47 5th user group 37
48 38
49 39
50 1 Synchronizing bit

51 0 Synchronizing bit

52 10 10 40
53 20 Tens of minutes 20 41
54 40 40 42
55 Binary group flag 43
56 44
57 6th binary group 45
58 46
59 47
60 1 Synchronizing bit

61 0 Synchronizing bit

62 1 1 48
63 2 Units of hours 2 49
64 4 4 50
65 8 8 51
66 52
67 7th binary group 53
68 54
69 55
70 1 Synchronizing bit

71 0 Synchronizing bit

72 10 Tens of hours 10 56
%3, 20 20 57
74 Binary group flag 58
75 Field marker bit/Phase correction bit 59
76 60
77 8th binary group 61
78 62
79 63
80 1 Synchronizing bit

81 0 Synchronizing bit

82 64
83 65
84 Cyclic 66
85 redundancy  Synchronizing 67
86 check word

87 code

88 .
89 79

Figure 3.17 cont.
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54 Timecode The timecode word 55
VITC LTC 46 36
bit no. bit no. 47 5th user group 37
48 38
0 1 Synchronizing bit 1 49 39
1 0 Synchronizing bit 0
50 1 Synchronizing bit
2 1 1 0 51 0 Synchronizing bit
3 2 Units of frames 2 1
4 4 4 2 52 10 10 40
5 8 8 3 53 . 20 Tens of minutes 20 41
54 40 40 42
6 4
g Ist user group 2 55 Binary group flag 43
9 7 56 44
57 6th bi :
10 1 Synchronizing bit 58 1nary group ig
11 0 Synchronizing bit 59 &7
8
g 58 ISR TS ;8 9 60 i Synchronizing bit
61 0 Synchronizing bit
14 Drop frame flag 10
15 Colour lock flag 11 62 1 1 48
63 2 Units of hours 2 49 |
16 12 64 4 4 50
17 2nd user group 13 65 8 8 51
18 14
19 15 66 52
67 7th binary group 53 ‘
20 1 Synchronizing bit 68 54
21 0 Synchronizing bit 69 55
22 1 . 1 16 70 1 Synchronizing bit
23 2 Units of seconds 2 17 71 0 Synchronizing bit
24 4 4 18 .
25 8 8 19 72 10 Tens of hours 10 56
2% 20 73 20 20 57 |
27 3rd user group 21 74 Binary group flag 58
%g % 75 Binary group flag 59
76 60
30 1 Synchronizing bit 77 8th binary group 61
31 0 Synchronizing bit 78 62
79 63
32 10 10 24
33 20 Tens of seconds 20 25 80 1 Synchronizing bit
34 40 40 26 81 0 Synchronizing bit
35 Field marker bit/Phase correction bit 27 82 64
83 65
36 28 84 Cyclic 66
37 4th user group 29 85 redundancy Synchronizing 67 '
38 30 86 check word 68
39 31 87 code
o 88 _
40 1 Synchronizing bit 89 7
41 0 Synchronizing bit
42 1 1 32 Figure 3.18 The 525/60 VITC and LTC words compared.
43 2 Units of minutes 2 33
44 4 4 34
45 8 8 35
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56 Timecode

The time address and the associated colour TV signal

For purposes of electronic editing of composite television signals, the
correct colour sub-carrier field sequence must be maintained across the
edit point to avoid picture disturbance. The timebase corrector in a VTR
or VCR system achieves this by shifting the start of the active line from the
machine designated as ‘slave’ to bring the sub-carrier in phase with that
on the recorder. This shift is a fraction of a sub-carrier cycle and is not
noticeable when the cut or mix is between dissimilar pictures. However,
cutting between identical pictures (perhaps for the purposes of shortening
a sequence, or during an animation sequence) will result in this shift
being noticeable.

These problems can be avoided by cutting on the correct frame to avoid
the need for a shift in the picture. This can be determined by a timecode
sync monitor (Figure 3.19) which displays the relationship on a picture
monitor. The sub-carrier-to-sync relationship can be incorporated in the
timecode by establishing a standard relationship between time-of-day
and the 8- or 4-field sequence. If this relationship is correct, the colour lock
flag is set to logical “1’. For this method to work, it is imperative that the
relationship be determined at video and timecode generation, and carried
through without ambiguity at all stages of production. This will be

.covered in detail in Chapter 9.

There are various ways by which timecode generators can identify
frame 1 in the colour frame sequence. These include examination of the
sub-carrier-to-sync relationship, by detecting a marker pulse inserted in
line 7 of field 1, or from a flag generated by the SPG. The important point
is that the timecode generator must have some form of colour-related
synchronizing information if it is to generate colour-framed code.
Appendix 1 examines the relationship between timecode and the colour
frame sequence in detail.

The 525/60 drop-frame code (M/NTSC)

Timecode locked to a 29.97 fps frame rate (as it must be for later post-
production) will accumulate an error at 0.03 of a frame each second. Over
a one-hour period the discrepancy between ‘real-time’ and ‘colour-
framed’ time addresses will be 108 frames, i.e. 3.6 seconds, the timecode
addresses falling behind in real time. To compensate for this, 108 frames
have to be dropped every hour to allow the code to catch up with real
time. Single frames cannot be dropped because of the need to maintain
the 4-field colour frame sequence (colour frame A must be followed by
colour frame B and vice versa), so a frame pair is dropped at the start of
each minute, except minutes 0, 10, 20, 30, 40 and 50.

(2x60) — (2x6) = 120 — 12 = 108 frames

o S — - — Al = e o mae e e |

Figure 3.19 A timecode sync monitor display. Marker pulses on the right-hand
edge indicate the field sequence. Markers on the bottom edge indicate S-C/H phase.

The frame count over, say, the end of the eighth minute in the hour will
go:

01.08°59"28f

01.08°59729¢f

01.09°00”02f

01.09°00”03f etc,

whereas over the end of the ninth minute of the hour the count will go:

01.09°59“28f
01.09'59”29f
01.10°00”00f
01.10°00”01f etc,

The dropping of these frames results in a discrepancy between real time
and timecode addresses that varies by + 60 us over 10 minutes, illustrated
in Figure 3.20. The discrepancy accumulates over a period of one minute
when, as can be seen, the dropping of two frames slightly overcompen-
sates. This overcompensation increases at the end of each succeeding
minute until, at the ninth minute the time address is 60 us in advance.
This accumulated residual error is compensated for by not dropping the
first two frames at the start of the 10th minute.

The above process does not exactly compensate for the discrepancies
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58 Timecode

+60

ol 1 /

+20 /

Time error (milliseconds)

Y
T

The timecode word 59

Digital VITC

D-VITC is an 8-bit digital representation of the analogue shape of the 90-
bit VITC signal supported by analogue VCRs. It is recorded on lines 14
and 277 of the CCIR 601-2 component (4:2:2) digital video signal, with the
option of additional insertion on lines 16 and 279. As it is recorded as a
part of the data.on the helical video tracks it can be read when the DVCR
is either stationary or shuttling at too low a speed for LTC to be read.
CCIR 601-2 codes each video line with alternate data words of colour
difference and luminance samples in the sequence C, Y C, Y C, Y C, Y etc,
with a total of 1440 samples per line, clocked at 27 MHz, giving an active
line duration of 53.333 us (nominal). Each active line is preceded by a SAV
(start of active line) code and terminated with an EAV (end of active line)
code. D-VITC is placed on the luminance (it is not carried in the chromi-

T 2 3 4 5 6 7 8 910 111213 14 1516 17 18 19 nance) lines prior to multiplexing with chrominance and has a nominal
ig _3,3 duration of 49.655 us (625/50) or 50.286 us (525/60). The luminance

Time in minutes

Figure 3.20 The short-term error in drop-frame code varies by +60 us over 10
minutes. It is corrected by not dropping a frame at the 10th minute.

between real time and colour-frame time, because the NTSC frame rate is
not exactly 29.97 Hz: it is 29.970 026 17 Hz. This difference results in a
long-term residual discrepancy of 0.000 026 17 x 60 X 60 x 24 = 2.261
frames over a 24 hour period, equivalent to 86.4 us. Good opt?rational
practice requires that the timecode generator be reset at regular intervals
if long-term errors are not to accumulate. Commercial timecode genera-
tors are available which allow the 86 s discrepancy to be corrected at a
time when least disruption to programme making will occur. The correc-
tion is made daily, automatically, and at a time programmable by the user.

M/PAL drop-frame code

The frame rate of system M is also approximately 29.97 fps. When this
frame rate is combined with the PAL modulation system it is not possible
to drop two frame sequences to resolve the colour frame error. Instead,
the first four frames (1-4) are dropped from the count at the start of every
2nd minute (even minutes), except for minutes 0, 20 and 40. In this mode
LTC bit 10 (bit 14 in the VITC equivalent) is set to ‘1". The IEC refers to the
drop-frame mode of M/NTSC and M/PAL as Mode 1. The non-drop-
frame mode is referred to as Mode 0.

words range in value from 16y, (&10) for Black Level to 235,, (&EB) for
Peak White. CCIR 601-2 specifies a 10 bit code for digital video (originally
the digital video signal was specified to be 8 bit), and D-VITC is carried in
the 8 most significant bits of the 10 bit code, with an alternative specifica-
tion available to permit its recording and replay by older 8 bit systems.
Consequently there are two sets of codes for the D-VITC data, a 3-
character hexadecimal code for 10-bit digital video data and a 2-character
hexadecimal code for 8-bit digital video data. Figure 3.21 illustrates the
details.

There are slight timing relationship differences between 625/50 and
525/60 systems. Figure 3.22 illustrates these.

All unused luminance samples in the D-VITC line are set to &040
(10-bit) or &10 (8-bit). Corresponding lines in the chrominance data
stream are set to &200 or &80 respectively.

Timecode and 1125/60 television systems

1125/60 high definition video has 1035 active lines, permitting a timecode
to be placed in one or more of the 90 field blanking lines. The total
duration for each line is 29.630 us (60 fps) or 29.659 us (59.94 fps), with
active line times of 25.859 us and 25.884 s respectively (Figure 3.23). The
synchronizing information is carried as a bi-directional pulse (Figure
3.24). Video information is carried by three parallel, time co-incident,
signal paths which can be either RGB or luminance plus two colour differ-
ence (Ey, Epg, Epg). The system has an interlaced 2:1 format and an aspect
ratio of 16:9. Both LTC and VITC are supported in this format, though
there are significant differences from timecodes supported by 4:3 aspect
ratio formats.

T ———
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The timecode word 61
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62 Timecode The timecode word 63

Analog Production Aperture
(matches Digital Production Aperture)

AN

(MAXIMUM ACTIVE VIDEO)

e 15

’—— 603
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j 3.771 ps (60.00) '

- 2807 —

3.775 s 50.94)

h
'
' '
' "
il

& 59.94) i 0.081 ps (80,00 & 59.94)

i
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11,185 ps | 12586 s | '

" 60y 1 | (60.00) | 25,869 s (60.00) g

e BBT-1 o 192T — ! e— 19207 _—
i1186ps!  '2.588ps | 25.884 ps (59.94) !
tee) 1 (59) ‘ 4

! i '

. ' Y L '

6T ! o 0:081ps(60.00 6T!' . Tolerance in analogue blanking H
]

)

3.931 ps (60.00)

)

3.936 pis (50.94)

Z A

: (MINIMUM ACTIVE VIDEO)

!1.265 s (60) | 2.666 ps (60.00) | 26.699 pis (60.00)
f+—1 94T —=' +—11ggT — > | +———————— 19087
11,266 s (59) + 2.669 ps (50.94) | 25,725 s (50.94)
16T 1 ' ' j+——16T +}=-Clean Apenure—-{
'104T L L 208T 1888T 104T—
Reference clock periods 0 44 192 2122 2156 2200
m
Time — (derived)
60,00 Hz (usec) O  0.593 2586 28.444 29.037 29.630
59.94 Hz (usec) 0  0.593 2.586 28.473 29.066 29.659 AT
Figure 3.23 Line timing relationships in 1125/60 systems. Courtesy of SMPTE o ®i
Journal.
coincides with the start of Line 1 of each frame, +1 line. The arrangement
of time, binary group and synchronizing data are identical with 525/60 T
LTC, but there are differences in the assignment of the other bits of the =
word:
Bits 10 and 11 are unassigned

Bit 27 remains the bi-phase mark correction bit
Bit 43 remains as the BGFO flag bit
Bits 58 and 59 remain as BGF1 and BGF2 respectively.

1125/60 VITC

This is carried as a series of discrete 90-bit words, each word having a
nominal duration of 23.18 us, 1710 reference clock periods (depending on
the frame rate). The start of the word is a minimum of 2.7 s from the start
of the line. It ends a minimum of 1.15 us before the end of the line. The
arrangement of time, binary group and synchronizing data are identical

horizontal sync
timing reference

45H
5H 5H 7
r—1125 ] 3——>|“—4——>|<-—‘5-—-—‘—-—6—>I<——7—>‘
r—sez—»l.—sss—— <—564—>l<—585 —-‘<-—566———>|<—567 | 568 | 5694—1
5H f eH»| 5H | |
45H |
vertical sync
timing reference
(a)
f
-
oy 2
s sf2
r ;l
I<— q—i—C
d |
e 1
! (b) v = reference white level (c)
s = synchronizing level
Figure 3.24 1125/60 Field blanking detail (a), Line blanking detail (b) and Field sync pulse detail (c). Courtesy of SMPTE Journal.

m
i
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with 525/60 VITC, but there are differences in the assignment of the other
bits of the word:

Bit 14 is the drop frame flag bit

Bit 15 is unassigned

Bit 35 remains the field marker bit (‘0" representing colour fields 1, 3, 5
and 7; ‘1’ representing colour fields, 2, 4, 6 and 8)

Bit 55 remains as the BGFO flag bit

Bits 74 and 75 remain the BGF1 and BGF?2 flag bit respectively.

1125/60 VITC can be placed on any line between 7 (569) and 40 (602)
inclusive and can be inserted on multiple lines as long as time address,
drop frame and colour frame data are identical. Rise and fall times of the
pulse edges are 100 ns + 25 ns. Logical ‘0" is represented by a voltage level
of between 0-25 mV, logical ‘1’ is represented by a voltage level of 500-600
mV. Amplitude distortions such as over/under shoot or droop must be
limited to a maximum of 5% of the peak to peak amplitude of the signal.

24 frame film timecode

Time address, binary group and synchronizing bits are arranged in the
same order as 525/60 LTC.

Bits 10 and 11 are unassigned
Bit 27 remains the Bi-phase mark correction bit
Bits 43, 58 and 59 remain BGF0, BGF1 and BGF2 flag bits respectively.

Timecode in ancillary data

SMPTE Standard 259M provides for the transmission of 10-bit, 4:2:2
component and 4f,, composite digital signals over a serial digital
interface by way of 75 Q coaxial cable. Whatever the format of the video
information to be transmitted (525/60 or 625/50, component or
composite), there are a number of bits in each horizontal sync period not
being used to carry video information (Figure 3.25). Some bits are used to
carry timing and synchronization information, others to identify the
video line number, yet others to carry pan/scan and video indexing data.
However, there is provision for packets of ancillary data to be carried in
these periods. The data so carried have the name horizontal ancillary
data, or HANC for short. HANC may carry AES/EBU audio, audio
control data or timecode. Although ancillary data generally can be
organized into either 8-bit or 10-bit words, when used for timecode 10-bit
words are mandatory.

There are two types of ancillary data packets, Type 1 and Type 2.

The timecode word 65

End of analogue active ine

End of digital active line

[ N /

Timing  ancilliary data

Figure 3.25 The horizontal interval specified in SMPTE 259M showing timing
reference points and ancillary data space.

Timecode is carried in a Type 2 packet. The individual packets are
concatenated to form a data block. Figure 3.26 illustrates the format of the
data blocks for component video (composite video HANCs have just one
ancillary data flag word). The ancillary data flag marks the beginning of
the data packet, the data ID identifies the data as being of Type 1 or Type
2, the data block number (Type 1 only) distinguishes successive ancilfary
data with the same data ID and the data count defines the quantity of data
words {up to 255) in the block. In a Type 2 packet the data block number
is replaced by a secondary data ID which indicates whether the timecode
being carried is derived from LTC or from VITC.

The structure of the ancillary data is illustrated in Figure 3.27. For the
transmission of timecode, the Data ID (DID) is set to &164, the SDID, as
mentioned earlier, indicates the timecode derivation. It is set to &64 for
LTC and to &7F for VITC. One ancillary data block per frame represents

Type 1 ANC data packel Type 2 ANC data packet
‘- £ - -
Data ID (Typet) Data ID (Type2)
lDarabwmber l lSemrﬂaJydalalD
User data words User data words
{max 255) (max 255)
Ancillary 2 T Ancillary .
data Chedesum a
flag E;t;

Figure 3.26 Type 1 and Type 2 ancillary data packets showing the data flags, IDs
and data words.
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lData count (1 word)
10 bits User data —maximum 255 words

TSDIDU word) T
Chedaum (1
DID (1 word) word)
IANC data flag
ite = 83FC

4:22=8&000 3FF 3FF

Figure 3.27 A HANC data block showing the component/ composite data flag
details.

LTC, one ancillary data block per field represents VITC. The data count
word is set to 8 for LTC and to 9 for VITC. The mapping of the LTC &
VITC bits onto the HANC package is illustrated in Table 3.1, where 'the bit
numbers within each map correspond to the bit position in the
appropriate timecode word. Bit 9 in all words is the in‘verse of bit 8.

The VITC line allocation is determined by bits 0 to 5 in word 8. Table 3.2
illustrates the detail. Bit 6 in word 8 of the the VITC map, when set to
logical ‘1’ indicates that the VITC signal shall be inserted into the selected
line number when the video is converted back to analogue and al;o be
repeated two lines later. The Validity Flag, when set to logical 1’ indicates
a reading error of either the sync bits or the CRCC. The LTC and VITC
data words are transmitted within lines 6-22 for 625/50 systems, and
within lines 10-20 for 525/60 systems.

Timing and synchronization within MPEG-2 transport streams

MPEG-2 overview

MPEG-2 is fast becoming the de facto standard for the transmission of
video and audio over high-speed serial digital links. An in-depth look at
the details are out of place in this book and the reader is referred to tlhe
Bibliography for published material on this subject. However, a brief
overview is included to aid an understanding of how time data are
included in this system. o _
MPEG-2 compresses both video and audio before transmission. Audio
is compressed in such a way that its ‘continuous’ nature is presier\{ed.
Video, however, is compressed by identifying common elements wntbm a
sequence of frames or pictures, sending these elements relatively

The timecode word 67

(a)

Word No. 0 1 2 3 4 5 6 7
bO(LSB) 0 16 32 48 4 20 36 52
bl 1 17 33 49 5 21 37 53
b2 2 18 34 50 6 22 38 54
b3 3 19 35 51 7 23 39 55
b4 8 24 40 56 12 28 44 60
b5 9 25 41 57 13 29 45 61
b6 10 26 42 58 14 30 46 62
b7 11 27 43 59 15 31 47 63
b8 P P P P P P P P

b9(MSB) b8 b8 b8 b8 bS b3 b8 b8

Note: bits 0-7 in each word correspond to the appropriate 625/50 or 525/60 LTC
bit numbers

(b)

Word No. 0 1 2 3 4 5 6 7 8
bO(LSB) 2 22 42 62 6 26 46 66  VITC line select LSB
bl 3 23 43 63 7 27 47 67 VITC line select
b2 4 24 44 64 8§ 28 48 68 VITC line select
b3 5 25 45 65 9 29 49 69 VITC line select
b4 12 32 52 72 16 36 56 76 VITC line select
b5 13 33 53 73 17 37 57 77 VITC line select
b6 14 34 54 74 18 38 58 78 VITC line duplication
b7 15 3 5 75 19 39 59 79 Validity Flag

b8 r P P P P P P P P
B9(MSB) B8 B8 BS BS B8 B8 N8 B8 B8

Note: bits 0 - 7 in each word correspond to the appropriate 625/50 or 525/60
VITC bit numbers

Table 3.1 HANC data blocks showing the mapping of timecode bits into words
within the block for (a) longitudinal timecode and (b) vertical interval timecode.
The VITC version carries information concerning the VITC line selection. Both
versions carry parity bits for each column (bits 8) and the inverse of bits 8.

infrequently and extracting the identified differences to be sent more
frequently. Differences are identified not just by looking backwards to
pictures already sent but by looking forward to pictures yet to come. As a
consequence, a stream of individual pictures is not sent in its original
frame order, but rather has the individual frames uniquely identified and
sent in an order that enables a high degree of efficiency in compressing
the data.

Taking as an example the sequence of pictures in Figure 3.28, there are
identical picture elements in all three pictures. However, one picture, the
I-picture (#1), requires no information from the other pictures in the
sequence, and, on the contrary, can supply information to the others. This
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VITC line select
b0-b5 625/50 525/60
Field 1 Field 2 Field 1 Field 2
0 Line 10 273 Line 6 319
1 11 274 7 320
2 12 275 8 321
3 13 276 9 322
4 14 277 10 323
5 15 278 11 324
6 16 279 12 325
7 17 280 13 326
8 18 281 14 327
9 19 282 15 328
10 20 283 16 329
11 21 284 17 330
12 22 285 18 331
13 23 286 19 332
14 24 20 333
15 25 21 334
16 26 22 335

Table 3.2 Bits 0-5 within word 8 of the data block determine which video line/s
within each field shall carry VITC, and whether VITC is to be repeated on a
second line within each field.

picture will be sent first. The last picture in the sequence, the P-picture
(#3), can make use of picture elements it has in common with the I-
picture, and it has elements that can be used to help build up the second
picture in the original sequence, the B-picture. To fulfil both functions it
will have to be sent after picture #1 but before picture #2. The middle
picture in the original sequence, the B-picture (#2), requires elements from
both pictures 1 and 3 so it will have to be sent last. In order for the pictures
to be reassembled in the correct order after decoding, each must be
timestamped. Furthermore, as each stream of pictures is likely to be time-
division multiplexed with other data streams, there is a need to identify
each data stream uniquely in order to demux them at the receiving end.
The sequence of pictures headed by an I-picture and followed by B
and/or P pictures is called a Group Of Pictures or GOP.

For transmission, GOPs are assembled into a packetized elementary
stream (PES), then reformatted and multiplexed into a transport stream
(TS) as Figure 3.29 illustrates. The TS employs fixed length packets of 188
bytes each, and may carry data from a variety of sources. In order for the
forward predicted pictures (P-pictures) and bidirectionally predicted
pictures (B-pictures) to be reassembled by the decoder, timing informa-
tion is provided at three different levels; compression, packetization and
transport stream formation. Timestamps — programme clock references
or PCRs — are periodically added to the transport stream packets to
provide synchronization. The system specification requires the PCRs to
arrive at the receiver at least ten times per second, with some applications

Picture #1

A

@%’s
Shape taken from
preceding | picture
Picture #2
 /
E i
"""""""" "A y .
Shape taken from later
P picture
Picture #3
pE==ssmms——— )
>

The timecode word 69

This is an Intracoded or |
picture. It can be coded in
such a way that it can be
decoded without knowing
anything about other pictures
in the sequence. Because of
this, an | picture is always the
first picture in a group. |
pictures need the most data to
carry the information since all
the information needs to be
explicitly carried in the
transmission system.

This is a Bidirectionally coded
or B picture. Some of the
elements are taken from the
earlier | picture, and some
from the following P picture. In
order to decode this picture it
will have to be transmitted
after the following P picture.

This is Predictive coded or P
picture. It is decoded by using
elements from another
picture, sometimes called the
Reference Picture, which was
coded earlier. This picture will
need to be transmitted after
the [ picture and before the B
picture.

Figure 3.28 MPEG-2 video compression extracts common information from a
Group Of Pictures in such a way that it need not be repeated within the sequence.
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specifying a frequency of 25 or 30 times per second to correspond with
video frame rates.

Compression timing

The most basic timing information is the temporal reference which is
added to the data during the compression of each GOP and identifies each
picture within the group starting with the I-picture and incrementing up.
Figure 3.30 illustrates. There are eight frame rates specified in MPEG-2
and all are locked to a 27 MHz reference clock system, often referred to as
the ‘clock on the wall’. Since 27 MHz relates to the video scanning rate,
video is usually the source for the clock. If the GOPs are coming from a
camcorder, its clock will be the reference. If an elementary stream of data
is being carried, with no packetization, this will be the sole timing
reference for the receiver. Figure 3.31 illustrates an elementary data
stream compressed from CCIR 601 digital video.

Packetized data timing

Before data is multiplexed into a TS it must first be assembled into
(generally) fixed length packets. These require identifying data in the
form of headers containing timing information relating to that elementary
stream, such as presentation time stamps (PTS) and decode time stamps
(DTS), which are used by the receiving decoder to reassemble the packets
into GOPs. These timestamps have a required minimum frequency of

Continuous video, data e.g. Rec. 601 with no time separation of content

Elementary MPEG-2 stream of continuous data as a block

Zatckftiied_ES I / l J l i I \ [ \|
separated ES , 1 | | | J | ] | ]’] | | [

packets may have
a defined length

ES-specific
timing information

O 1

Packetized transport stream — 188 bytes per packet, time separated ? Programme specific timing
and may contain several multiplexed ES sources information

Figure 3.29 A continuous sequence of Groups Of Pictures is arranged firstly into
packets, each with its own timing and other essential decoding information, and
which may be of either fixed or variable length, then into a data stream of fixed
sized packets which may be multiplexed with other streams for transmission.
Each packet carries an identifier.

The timecode word 71

Temporal
references

Group of
pictures

Figure 3.30 A Group Of Pictures starts with an Intracoded (I) picture that can be
decoded without information about other pictures in the group. This I picture
data will also carry a time reference.

occurrence: PTS must be transmitted at least every 700 ms, DTS is
optional. The PES packages are not continuous, or even contiguous,
blocks of data and may be separated in time. Figure 3.32 illustrates the
packetization of the elementary stream into data which might be time
separated.

Transport stream timing

Transport streams are subdivisions of PES packages which contain
additional header information and, as stated earlier, are exactly 188 bytes
long with an additional minimum 4-byte header. The data carried by the
transport stream may come from a variety of sources — time division
multiplexed, so the headers have to enable the demuxing of the data. Each
transport stream package header carries a packet identification (PID),
used to reconstruct the various elementary data streams, and the
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Uncompressed video frames

|Frame |Frame ‘Frame ‘Frame ]Frame |Frame |mee |Frame |F|ame 1

I B P B

B B
P |B|B|B|B ! P |B

b bttty ot

Elementary stream with temporal references

Figure 3.31 After compression the variable length ], B and P picture packets are
assembled into a stream. Bach packet has an identifier to permit reassembly into
the correct sequence.

programme clock reference (PCR), used to synchronize the 27 MHz clocks
in the encoder and decoder. Figure 3.33 illustrates the formation of the TS
from the PES.

PCRs are placed in the transport stream headers at least once every 100
ms, with some systems specifying a higher frequency of occurrence such
as 25 or 30 times per second for specific video applications, though at the
time of writing there are no standards relating to this higher rate use. As
the PCR runs on a 27 MHz reference it increments every 37 ns so a 42-bit
counter is required to cover a 24-hour period.

The PCR is carried in the TS package headers in two parts, representing
counters running at 90 kHz and 27 MHz. As soon as the 27 MHz counter
reaches 300 it resets to zero and the 90 kHz counter increments up by one.
A 33-bit “base’ specifies the cycles of the 90 kHz clock, with a 9-bit
‘extension’ specifying cycles of the 27 MHz reference. The 33-bit base
accommodates a maximum value of more than 24 hours. The PCR value
is calculated as:

Elementary data stream I
I | I I I I I |
R

(N I O N

] Packetized elementary stream — generally of defined tength

PES-specific timing information — PTS and DTS

Figure 3.32 The variable length packets of the elementary data stream are
organized into fixed length packets which may be continuous or time separated.

The timecode word 73

Packetized elementary stream — may be time separated

MITETIRE

[[:II]:II,I_II]__]II JC I Jrr—ir—i

Packetized transport stream — may be time separated
188 Bytes per package

Programme-specific timing information — PID and PCR

I?igure 3.33 The fixed-length packets of the elementary data stream are organized
Into transport stream packets of 188 bytes/package. These carry programme stream
identifiers and may be time-division multiplexed with other transport streams.

Fame |Frame [Feme |Frame [Fame [Fame [Frame JFame
270 Mb/s 9 009 000 bits/frame

lDignar
Video

27 MHz dock
Video onthe wall
enooder

Temporal reference —0 2413 etc.

Al L' [rp B[P ] 1 [e[P [
= I EEYRY
formation

Packetized PTS increments 3 003 x 90 kHz

Elementary Ewic K?ggkoéwdeseveryfmme PTS

. RIS AIN
Transport
fztr:ﬁ;lssn:n < [ Telslele T+ [l Jeld

b F AH4 4 44 44
lIs;rer;!Snpoﬁ DTS lNo DTS
PCR —27 MHz dock on the wall o =Xps
PCR=X ] exactly n bits
y 4——exaclly nbits —————»

— k.

T [TTITT]

T1 88-byte packets form the transport stream

Figure 3.34 The 27 MHz clock on the wall is carried as a temporal reference in both
elementary and programme transport streams. It will be used after decoding to
reassemble the pictures back into their correct sequence. It may also be used as a
synchronizing signal in post production.
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PCR (seconds) = [Base/ (90 x 103)] + [Extension/ (27 X 106)].

The exact clock on the wall time is inserted as the PCR at the head of the
transport stream, subsequent PCRs will be exactly the time required for
the number of bits that occur between insertions. Figure 3.34 illustrates
the relationship between the clock on the wall and the GOPs, PES and TS
timestamps.

Reference clock synchronization

MPEG-2 assumes that the transit time between transmitter and receiver is
constant for each transport stream package so a software-controlled
phase-locked-loop oscillator (PLL) can be used to recreate the PCR in the
decoder. When the PCR is first received, or the timing continuity of the
PCR changes, the difference can be used to adjust the receiver’s 27 MHz
oscillator. The system clock tolerance is required to be better than +30
ppm or +810 Hz with a rate of change of less than 0.075 Hz/s. The PCRs
are required to have an accuracy of £500 ns, disregarding any jitter due to
network jitter etc. As the PCRs are sent relatively infrequently the PLL
low-pass filter will have a very narrow pass-band of about 1 Hz. This will
eliminate any jitter above its nominal bandwidth and permit stable video
to be obtained. Unfortunately such PLLs have long lock-up times, akin to
video genlock systems that generate stable video from every third or
fourth vertical interval, so are not very suitable for frequent channel
switching or surfing. Figure 3.35 illustrates the encode/decode synchro-
nization process.

The timecode word 75

27 MHz dock on
the wall
Videdn Transport
I Video > stream
formation
PCR =plus
the time of
PCR=X exactly n bits
<4——Fxactly n bits —>y

T1 88-byte packets form the transport stream

Transport
B stream = Comparator > }_I(t)w~pass
decoder et

Receiver
cockon
thewall

\—o.QTMHZdOd(OUI

Figure 3.35 The programme clock reference derived from the clock on the wall is
carried in every 188-byte package in the transport stream. It is used to synchro-
nize the receiver’s clock for decoding.

oscillator
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CHAPTER 4

Recording formats and
timecode

The U-Matic format

The track layout of this format is illustrated in Figure 4.1 for the Hi-Band
version. Each video track contains one field of video, recorded by a
dedicated head (there are two heads on the scanning drum) and the
switching between heads is accomplished during the broad pulses in the
vertical interval. There is thus no loss of video information in the original
inception of this format.

Control

Video

e —— —= Audio 1
Audio 2

Figure 4.1 The U-Matic system did not originally provide for a
dedicated timecode track.

Timecode was originally recorded on one of the audio tracks, usually
Track 1. The sound recording and replay processes are performed by the
same heads so there is no timing shift. However, the raw timecode coming
off tape had to be regenerated to correct the differentiation and timing
jitter that occur on any magnetic analogue replay process. Operational
considerations dictated that somewhere else be found for the timecode.
Recordists in the field wished to record separate sounds on the two
available tracks for later mixing, voice-over recording, or dubbing; editors
also needed both audio tracks available for programme sound mixing. A
dedicated track for longitudinal timecode was needed, but where could it
be put? The answer lay in the property of different recorded w.avelen.gths
to penetrate to different depths from the surface of the magnetic medium.
Short recorded wavelengths tend to lie close to the surface of the tape,

Recording formats and timecode 77

whereas long wavelengths penetrate deeper. Figure 4.2 illustrates the
point.

Figure 4.2 Short wavelengths are recorded near the surface of the tape, long
wavelengths penetrate deeper. On replay they can be separated by filtering.

The video write speed of a Hi-Band U-Matic is 854 mm/s. The recorded
wavelengths of the video are going to be a few micrometres long. The
longitudinal speed of the tape is 95.3 mm/s. At 80 bits of LTC per frame,
the shortest recorded wavelength will be in the order of 40 ym. With the
video and timecode signals occupying such widely spaced parts of the
frequency spectrum, it is easy to ensure that mutual interference is filtered
out. The timecode track is inside the two original audio tracks. The video
tracks will overwrite the area occupied by this ‘address track’, as Figure
4.3 illustrates. The process of recording a magnetic imprint deep into the
tape layer for later overwriting on the surface is called ‘burning in’;
however, the term ‘burning in’ has come to mean the insertion, into the
video waveform, of a signal that will allow the timecode to be displayed
as human-readable characters, usually in a rectangular box towards the
bottom of the screen. This facility can be of assistance in the off-line
editing, or daily viewing process.

Depth recording of a timecode track will allow pre-striping of a tape
with both code and control track for insert editing (see Chapter 9), but
what of re-recording timecode after the video has been recorded? This is
no problem as long as the replayed video is processed by a timebase
corrector. The time address track will overwrite 11 lines of the recordes a7
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78 Timecode

video waveform as Figure 4.4 illustrates. The last two active lines in each
field, and the field synchronizing pulses of the succeeding field, will be
overwritten. Longitudinal timecode on this version of the format is
reprocessed by circuitry internal to the machine.

Control

Video

Timecode

Audio 2
Audio 1

Figure 4.3 Longitudinal timecode can be ‘burned in’ underneath the video tracks
on the U-Matic format.

VITC is not an option on this format because of the bandwidth require-
ment. Remember that to produce reasonable rectangular pulses of a
particular frequency, the 3rd harmonic of that frequency must be present.
90 bits of information put into a 49.655 us time slot would require a
bandwidth of 2.7 MHz. The U-Matic format is not capable of this degree
of video resolution unless regularly and carefully maintained.

Head

switching

position .
OverW(lﬂen
by timecode

— Timecode track ]

Audio 2
Audio 1

Figure 4.4 If timecode is rewritten it will erase a portion of each video field.
Since this contains only field sync information it can be reinserted by the
timecase corrector.

The 1in C-format

A C-format VTR possesses a number of heads on the head drum to
provide such operational facilities as confidence replay during record,
video-only erase, variable-speed play and so on. The format has
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undergone a number of evolutions since its original introduction, and
these will be outlined below. In every version the heads have to break
contact with the tape once in each field, as Figure 4.5 illustrates. It can be
seen that a head leaves the tape for 14° every revolution. This period is
timed to begin in the early part of the field interval. Figure 4.6 illustrates
the format dropout that results. The dropout starts after the 4th broad
pulse in the vertical interval, and in the PAL implementation of the format
has a duration of almost 12 lines. This means that in the PAL version lines
3-14 in fields 1, 3 etc. and lines 315 (in part), 316-326 entirely and line 327
(in part) in fields 2, 4 etc. are lost (10 lines per field are lost in the NTSC
version). These lines are replaced by the TBC, so VITC should not be
placed in them.

Tage R/P head
\ i
Guides
O
Head drum

Figure 4.5 The C-format dropout results from the head losing contact with the
tape for 14 degrees each revolution.

During variable-speed and stop-frame operation the number of lines
subject to format dropout or prone to line time instability may increase, so
VITC should not be put too close to this section. The reason for this is that
when the tape is running at non-standard speed the effective tape-to-
video-head velocity will change slightly so the format dropout duration
will alter. When a helical-scan machine plays at a non-standard speed the
effective diagonal angle between recorded tracks and the path followed
by the video head will differ from that at standard playing speed. This
will result in a ‘noise bar’ at some point in the viewed picture as the
replay head crosses tracks. To avoid this, there is the option of providing
a video head, known variously as an ‘auto scan tracking” (AST) or
‘dynamic tracking” (DT) head which will follow the recorded tracks over
a wide range of playing speeds including ‘stop’. The mounting for this
head flexes in response to controlling signals and so is able to follow the
slightly different track angle. On some machines the degree of flexibility
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These lines are affected by format dropout

Figure 4.6 Format dropout affects the first lines in each field.
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allows the head to track adjacent recorded field tracks, thus giving true
frame information rather than a repeat field. This process results in the
head requiring some settling time at the start of each track (Figure 4.7)
and there may be some line instability at the start of each scanned section
of the field. If VITC is present in this section it may be misread. If this
occurs the DT or AST head should be switched off if possible. The alterna-
tive to losing part of the field interval to format dropout is to provide the
information onseparate tracks. The C-format originally specified three
options for the tracks, which are illustrated in Figure 4.8.

Option 1

Two audio tracks at the top of the tape for programme sound.

g

<>

Figure 4.7 DT (AST) heads may require settling time at the start of each track. If
this causes problems with VITC, switch the DT function off.

$ Il
+

Audio 2
Audio 1

Control

Audio 3/tir

Option 1 ; Option 2 : Option 3
! Sync tracks !
or

PCM audio

Figure 4.8 Option 1 of the C-format provides two audio tracks and a third which
can carry either audio or timecode as specified. Option 2 can carry either the

missing sync information or PCM digital audio as specified. Option 3
carries a fourth audio track.
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One audio track at the bottom of the tape for either longitudinal
timecode or cue audio.

Control track.

Option 2

Two audio tracks at the top of the tape for programme sound.

One audio track at the bottom of the tape for either longitudinal timecode
or cue audio.

Diagonal sync tracks, recorded by a sync head mounted on the scanner,
replace the information lost by format dropout and allow some overlap
for stability during switching (18.75 lines on EBU versions, 15.75 lines in
SMPTE). A recent variation on this option is to record time-compressed
PCM sound in these tracks instead of syncs, in which case they will not be
available for VITC. These tracks are recorded between audio track 3 and
the control track.

Control track.

Option 3

Two audio tracks at the top of the tape for programme sound.

One audio track at the bottom of the tape for either longitudinal timecode
or cue audio.

A fourth audio track, recorded between track 3 and the control track.

Control track.

On each of the options, audio track 3 can be combined with a suitable
record/replay head and associated electronics to handle the wide
bandwidth required to read timecode both at slow jog and high spooling
speeds. The electronics associated with a dedicated timecode track will
regenerate the code on replay. Code recorded on an unmodified audio
track will not give the degree of flexibility required in the post-production
environment.

In a PAL environment the longitudinal timecode is recorded at a peak-
to-peak level of 185 nanowebers per metre (nWb/m) short-circuit flux.
The SMPTE specify a recorded flux of at least 141 nWb/m. At the time of
writing the SMPTE proposes that in the 525/60 environment VITC shall
be recorded on lines 12 and 14 in C-format VTRs with sync head and lines
16 and 18 in C-format VTRs without a sync head.
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Betacam, Beta SP and MII formats

In these systems the colour information is not modulated onto the
luminance prior to recording. Instead, luminance and chrominance are
handled separately, and recorded on different sections of the tape. The
requirements for signal timing are as rigid as in a composite system, since
luminance, chrominance and timing pulses all have to register for
processing in vision mixers etc.

Within the recorder the luminance (Y) signal is recorded onto alternate
tracks, one field per track. There is no need to record the vertical interval
pulses as they will be replaced by the machine’s internal TBC. The Pr and
Pb signals are time-compressed on a line-by-line basis. Alternate lines of
Pr and Pb are then recorded one after the other throughout the complete
track, so that it consists of alternate Pr and Pb line samples multiplexed
along its length. The chrominance tracks are alternated with the
luminance tracks on tape.

Betacam SP Digital Betacam

Audio Ch2
Audio Ch1

Cue audio

Control
timecode

Control
timecode

Figure 4.9 (a) The Beta SP format can provide either two analogue longitudinal
audio tracks, or one audio analogue track with two digital audio channels.

(b) The MII format provides the same options, although the footprint differs.
Both provide for analogue FM audio to be frequency division multiplexed with
the chrominance signal. (c) Digital Betacam provides four digital audio channels
and a single linear analogue audio track. All three formats carry LTC.
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These formats can carry information about the eight-field sequence.
Although this is not required in a purely component environment, a
recorder may be fed with a composite signal. When this occurs, a colour
frame ID pulse is also recorded together with a line of colour framed sub-
carrier information (vertical interval sub-carrier, or VISC). In the Beta SP
format this signal is placed in line 8 (line 11 in NTSC) of the vertical
interval to improve the accuracy of colour framing on replay. In the PAL
system it runs at half the colour sub-carrier frequency; in the NTSC
version it runs at sub-carrier frequency. The MII format also incorporates
a VISC signal, but places it in line 10. In addition, the MII format indicates
colour framing by use of variable-width control-track pulses. The original
Betacam format had no provisions for handling VITC, though a modifi-
cation is available to permit its use. If VITC has been recorded by a
modified machine, or a Beta SP machine is loaded with oxide tape, there
is the distinct possibility that an unmodified machine will not replay it.
Hence the requirement for LTC. Beta SP does support VITC.

Figure 4.9 illustrates the track layouts of the Betacam, Beta SP & MII
formats. All formats give a reprocessed longitudinal timecode output on
replay. For Beta SP the IEC specifies the recorded flux level of the
timecode track as 500 nWhb/m short-circuit flux per unit of track width.
The SMPTE specify the flux level as being at saturation level. This is the
level at which a 1 dB increase in input level results in a 0.5 dB increase in
output level.

D-1 component digital format

This video recorder format was developed to record component video in
digital form. There is a reasonable quality cue audio track at the top edge
of the tape; longitudinal timecode and control tracks at the bottom. The
track layout is illustrated in Figure 4.10.

Audio cuetrack

Control
timecode

Figure 4.10 The D-1 format carries LTC but has no VITC facility. Digital audio is
recorded in the centre of the tape.

The information in one video field is shuffled over several tracks to
assist error protection. Because of this, it is inappropriate to rely on VITC
alone, as no guarantee can be given that time data incorporated in the
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video waveform can be read at other than standard speed, which rather
defeats the whole purpose of VITC. If digital audio is being fed to the
machine via the AES/EBU interface (see Chapter 11), time data could be
incorporated in the segmented audio tracks in the centre of the tape. The
nature of audio requires a higher degree of error correction, and lower
levelg of concealment than are appropriate to video. The lower data rate
requirements for audio mean that information can be duplicated on
different sectors, and in different relative positions, as Figure 4.11 shows.
As a result there is an extremely high expectation that audio data with
embedded timecode data will be recovered unambiguously.

(a)

E=EVEN Data Block
O=0DD Data Block

VIDEO ASTC Data marked
ETI Data marked ] |

ASTC marked
ETI marked —

Figure 4.11 (a) Timecode and equipment type information are carried in the even

and odd audio sectors respectively. (b) There are 6 audio sectors per video frame

in 625/50 systems, and 5 audio sectors per frame in 525/60 systems.
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Cue audio lanalogue] 3 B

-
|
/
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Figure 4.12 The D-2 format provides for timecode to be recorded on a
longitudinal track. VITC is also supported.

Video outer
redundancy

Qanl:(al

Timecode

Some D-2 models support a ‘FORMAT" mode which enables an
operator to pre-stripe a tape at three times normal speed, with control
track and Timecode (generated internally). In the format mode the helical
video and audio tracks are not laid down, which means that when editing
a formatted tape all channels (video and audio) must be enabled.
Formatting also requires the VCR to be fed a stable video feed, locked to
reference video.

The format supports VITC, though not over the earlier lines of the
range specified in the IEC 625/50 version, because the first few lines of
each field are not recorded. This is to ensure that the first recorded
segment of each field starts with the identical phase of colour sub-carrier.
The details are shown in Figure 4.13. In 525/60 VCRs, VITC can be placed
in any of the lines specified as they are always recorded, as Figure 4.14
illustrates. In common with all DVCRs, the audio channels accept the
AES/EBU digital interface with its provisions for timecode.

D-3 composite digital format

Developed by National Panasonic, this format use '/2in metal particles
tape. The track layout is shown in Figure 4.15. As with D-2, 304 lines/ field
are recorded in the PAL version. This format provides a range of timecode
facilities similar to those provided by D-2.

D-5 digital format

This format uses !/2in metal particle tape. D-5 VCRs will record and play
back CCIR 601 component digital video, but can be provided with the
option of replaying D-3 digital composite recordings. The track layout is
illustrated in Figure 4.15b. Longitudinal timecode is supported, as is the
AES/EBU standard 2-channel interface.

)
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Digital Betacam

Runs at a slightly slower longitudinal speed than Beta SP (96.7 mm/s as
opposed to 118.6 mm/s) and has narrower tracks (20 um as opposed to 86
pm for Y and 73 um for Chroma). AES/EBU digital audio is supported,
and carried in the audio sectors located in four segments in the centre of
each helical track (Figure 4.9c). D-VITC can be supported as an option.
LTC is carried on an outside track below the control track.
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Figure 4.13 D-2 records 304 lines in PAL. The 1st line changes from field to field
so that each field commences with the same line type. This aids colour
processing in shuttle.
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Figure 4.14 The recorded lines in the NTSC version vary from field to field. The first recorded line is chosen to ensure all fields start with

the identical sub-carrier phase.
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Cue track (0.6 mm)

4—_—
Direction of tape travel
irection of

Control track (0.4 mm)

Timecode track (0.45 mm)

(@

Cue audio track

Tape speed S€ctors

167.228 mm/s

Direction of
head rotation

Azimuth
recording

Control track

Timecode track

(b)

Figure 4.15 (a) The D-3 employs azimuth recording to lay down eight tracks of
digital video as one field. (b) The D-5 also employs azimuth recording, this time
to lay down CCIR 601 component video. Both formats support longitudinal

timecode.

DV

Overview

Digital video is a format implemented by the Sony Corporation as
DVCAM™, by Panasonic as DVCPRO™ and by JVC as Digital-S™. There
are a variety of lightweight (ENG) and consumer/prosumer versions
such as MiniDV™. The format employs 6.35 mm (%in) wide metal
particle tape. Video is compressed by 5:1, audio is 16-bit stereo at 48 kHz
sampling locked to video. All manufacturers use the same video data
format, though there are differences in timecode implementation
(consumer versions do not support IEC timecode) and in other facilities
provided (DVCPRO does not implement DVCAM's ability to store cueing
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points in a cassette-based microchip). There are options for transferring Edit
recorded audio and video data, as well as timecode, as MPEG-2 via IEEE 8L
1394. The IEEE 1394 standard specifies a high-speed serial data bus l l i
capable of over 393 Mbit/s bit rates. It can be ‘hot wired” unlike SCSI
interconnections and has been implemented by a number of manufac-
turers in ‘Prosumer’ acquisition and editing equipment as ‘Firewire™". ITI| G1| Audio G2| Video G3| Subcode P/W
Though at present it requires a 6-wire copper link (two screened pairs for
data transfer and one unscreened pair for d.c. power) or a traditional
fibre-optic link, and can be carried over distances of up to 4.5 m over Insert editing
copper and up to 100 m over fibre-optic, Plastic optical fibre is being and tracking .
developed that should make for much more convenience. information
DV timecode Syncblock Byte postion number
nurmber 0 1 2 3 4 5 6 7 8 9 10 N
There is no longitudinal timecode track as Figure 4.16 illustrates but LTC 0
is supported and VITC can be, though at the time of writing there is no 1
standard for VITC. Apart from the helical tracks there is a cue audio track 2
and a control track. The helical tracks are arranged in blocks of 10 tracks i
per frame for 525/60 systems and in blocks of 12 tracks per frame for Datarsync 5
625/50 systems. LTC is recorded in the subcode area of the helical tracks block 6 |Sync D Subcode data Parity
(Figure 4.17) and VITC (if supported) could be recorded in the reserved 7
areas of the video auxiliary data area (Figure 4.18). At present some g
manufacurers place timecode data concerning start/stop times of takes in 10
this area, though again there is no agreed standard at the time of writing. 11
Additionally, the video and audio auxiliary data areas carry such
information as copy management data, aspect ratio, audio sampling
frequency, number of audio samples per video frame etc. Although the
audio signals are recorded separately from the video, the data are
arranged as frames to coincide with the video in blocks of either five
trac_ks‘(525/ 6.0) or six tracks (625/ 50): . Suboode pack Firsthalfof a Secondhaffora
Similarly, timecode data recorded in the subcode area are recorded in number video frame video frame
< Direction of fape travel 0 R i R
1 Reserved Reserved
Cue frack 2 Reserved Reserved
3 Timecode Timecode
4 Binary Group Reserved
5 Timecode Reserved
\\ Video, audio and 6 Reserved Reserved
Head beode tracks 7 Reserved Reserved
molion 8 Reserved Reserved
Y Timecode Timecode
10 Binary Group Reserved
11 Timecode Reserved
[ Conirol track
Figure 4.16 The DV track format. There are 12 tracks per field in 625/50 systems Figure 4.17 Each DV helical track is segmented into ITI, Audio, Video and
' (10 in 525/ 60 systems). Timecode data are embedded into the subcode sectors of Subcode sectors. Timecode is carried in packs 3, 4, 9, 10 and 11 within the
the helical tracks. subcode sector.
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Syncblock
number

0 1 2 3 4 5...... i 81 ....0. 89

Pre-sync 17
biock 18

19
20 Video auxilliary data (VAUX)

8

Datarsync Video data

|

parity

O S W

156

Video auxiliary data (VAUX)
16 ry data (V.

157
| Outer parity
&7

Postsync g9
block

Figure 4.18 Within the DV Video sector are auxiliary data (VAUX) areas. There is
space within these areas for the storage of VITC. Although proposals have been
made for storing VITC in the VAUX area, no standard has been agreed and the
proposal has not been implemented.

Byte position number

5 6 7 8 9

Sync block number 0 Subcode pack number O
Sync block number 1 Subcode pack number 1
Sync block number 2 Subcode pack number 2
Sync block number 3 Subcode pack number 3
Sync block number 4 Subcode pack number 4
Sync block number 5 Subcode pack number 5
Sync block number 6 Subcode pack number 6
Sync block number 7 Subcode pack number 7
Sync block number 8 Subcode pack number 8
Sync block number 9 Subcode pack number I
Sync block number 10 Subcode pack number 10
Sync block number 11 Subcode pack number 17

Pack ' : '

Packdata
header i ! |
PCO PC1 PC2 PC3 PC4

Figure 4.19 Each subcode pack within a DV sync block carries a pack header
byte followed by 4 bytes of data. The data bytes can carry timecode information.
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(a)

MSB LSB
PCO 0 0 [0 11 0 I 1 T
PCT CF o | Tens of rames. Unifs of frames. |
PCZ PC TErS Of Seoos Uniis of 56 |
PCT BGU TaTS O Ties U |
PCT BGFZ BT ] TES ONTouTs, umtsof oars .|
©) MSB LSB
PCO 0 0 o [1 0 Jo 1 1
FCT CF WA | TEns of frarmes URIS of frames
PC2 BGFO TETS Of Seoor ks Units of seconas
P BGr TETS Of TS UGS of Imaies
T PC BEFT | TS TGS L T
DF:  Drop frame flag BGF.  Binary group flags
0=Non-drop frame timecode:
1= Drop frame timecode N/A:  Noassigned
CF:. Colour frame flag
0=Unsychronized
1=Synchronized mode
PC:  Biphase mark comection bit
0=Even
1=0dd
MSB LSB
) pPCoo_[ o __ o 1 0 1 00
PC1 Binary group 2 Binary group 1
PC1 Brary group 2 Binary group 1
PC1 Binary group? Binary group 1
PC1 Binary group 2 Binary group 1

Figure 4.20 The bit arrangement within the DV subcode packs for (a) 625/50
version timecode, (b) 525/60 version timecode, (c) Binary Groups.

packs in groups of five or six tracks, referred to as either the 1st or 2nd halves
of a video frame. In the 525/60 version, tracks 0, 1, 2, 3 and 4 comprise the
1st half, and tracks 5, 6, 7, 8 and 9 form the 2nd half. Tracks 0, 1, 2, 3, 4, 5 and
tracks 6, 7, 8, 9, 10, 11 form the 1st and 2nd halves respectively for 625/50
systems. Figures 4.19 and 4.20 show how the timecode data are mapped
within the subcode area. On replay, LTC stored in the subcode area is
reprocessed and appears at the output as standard IEC timecode.

DV, MPEG-2 and IEEE1394 (Firewire™ )%

The DV data packaging for playout is similar to the packetized elemen-
tary stream (PES) employed by MPEG-2, which allows the option of
carrying DV in the MPEG-2 transport streams as Figure 4.21 illustrates. At
the time of writing no standard has been agreed for the transport of IEC
timecode on MPEG-2, and although MPEG-2 data carry timestamps, as
was shown in Chapter 3, these are essentially ‘helper signals’ for the
decoder and do not have the frequency of occurrence necessary for
implementing traditional timecode provision.

The Hi-8 video format

The track layout is illustrated in Figure 4.22. There are two longitudinal
tracks. The track designated ‘cue’ is optional; the other carries analogue
audio. The helical tracks carry video and FM audio. There is provision for
an optional PCM audio sector within each of these tracks. There is no
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DVCPRO video MPEG-2video
Video -
sream | DVGiata in one frame | MPEG-2 data stream
Data0 |Datat Datai 1 [Datas Data0 |Datai Datai Datak
A
Stream ID = Stream ID =
private data MPEG2video
Esj(et PES packet header | Datai I IPES pad(e‘t header | Datai
Data0 |Datat Dataj | IDatam Data0 lData1 ] Dataj lDa1an
4
L4 y
m" TS packet header data j +a (184bytes) TS packet header data j +a (184bytes)
4 b
Stream type = Stream type =
user private MPEG2
(DVCPRO) video
/
Network ATMIEEE13%4 ]

Figure 4.21 DV data packaging is very similar to that employed in MPEG-2 and
both can be networked via IEEE 1394 (Firewire™). This has enabled professional
and consumer versions of DV to merge into a ‘prosumer’ system.

control track (though the cue track may in future be used for this

purpose), its function being performed by a pilot signal recorded along

the helical tracks. Each track carries one field of information.

There is provision within the PCM sector for six optional time informa-
tion modes. The data are carried in four identification (ID) words. The
individual modes are flagged by another 8-bit ID word, and a further ID
word carries control information. These words are interleaved with the
digital audio data. The assignment of these words is illustrated in Figure
4.23. The mode is flagged by the IDO0 word:

Mode 1: Tape counter in hours, minutes, seconds and frames from start
of tape.

Mode 2: Programme no. I, which indicates the programme number, take
number, together with minutes and seconds from the start of
each take.

Mode 3: Date in year, month, day of month and day of week.

Mode 4: Time of recording (time of day) in hours, minutes and seconds.

Mode 5: Programme no. II, which indicates the programme number

Recording formats and timecode 97

Tape travel

A

[4 Auxiliary (cue) track

Video + 180°
Head FM audio Guard
travel bands
PCM audio + 36
tracking pilot signal
= ——1 Auxiliary (audio) track

Figure 4.22 The footprint of the Hi-8 format has the option of PCM audio. Time
data may be interleaved with audio data at the time of recording.

together with hours, minutes and seconds from the start of
programme.

Mode 6: Index, which is the programme number together with the time in
hours, minutes and seconds from the start of the tape.

Domestic and professional R-DAT

This digital audio recording format was originally intended for domestic
use. It achieves a recording time of two hours. Helical-scan azimuth

Optional utility word Control word
' IDO| ID1 D2 ID3 D4 ID5
Bit 7 y 1 = Dubbing protect
Bit 6 (0] Timg, date, programme no | B5,B6 1,0 Record start point
' D | and mdgx codes 0,1 Record end point
Bit 5 E | (depending on mode) 1,1 Recording period
‘ 0,0 Ignore bits
Bit 4 8 Channel 1 1 = audio
: 0 = other
Bit 3 E Channel 2 1 = audio
- 0 = other
Bit 2 w B1,B2 0,0 Mono on both
g 0,1 Stereo
) 1,0 Bilingual
Bit 1 D 1,1 Other use
Bit 0 1 = Valid
0 = Bits 1 — 7 invalid

Figure 4.23 The time data in Hi-8 are recorded in optional utility words within
the PCM audio segments.
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Aux track 2

Sub-data area 2

Sub-data area 1

Aux track 1

Figure 4.24 The R-DAT footprint places timecode within the subdata areas at the
ends of each track.

recording is employed. There is no control track, its function being
performed by automatic track-finding (ATF) sectors within the tracks. The
track layout is shown in Figure 4.24. There are two optional longitudinal
tracks provided, one at either edge of the tape. Timecode is recorded in
the sub-data areas at either end of each audio data area. The normal tape
speed is 8.15 mm/s, but different speeds are available, with three different
basic sampling rates, 48 kHz (47.952 Hz for NTSC dropframe working),
44.1 kHz and 32 kHz. Domestic consumer versions of the format do not
permit recording at the 44.1 kHz sampling rate. This is to deter direct
digital copying of compact discs. There are two quantization standards.
Table 4.1 illustrates the options available.

The three 32 kHz modes are designated for the following applications:

Mode 1: Current broadcast and satellite television standards.
Mode 2: Extra long play (longitudinal tape speed is halved).
Mode 3: 4-channel recording,.

The digital data are recorded in blocks of 288 bits. There are 196 blocks
to one track. Each track contains 16 blocks of sub-code data in addition to
audio (8 at each end of the track). The azimuth recording system
employed results in the natural formation of track pairs (Figure 4.25).
Each track pair is regarded as a frame, with audio data being conformed
into frames for the purposes of editing. The duration of each frame is
30 ms (a frame rate of 33.3 fps).

In its original domestic incarnation, the time data recorded in the
subcode areas performed the functions of a sophisticated tape timer,
providing three versions of tape time:

A - Time: Absolute time from the beginning of the tape
R - Time: Running time from the beginning of the recording
P — Time: Time from start of each programme item

Recording formats and timecode 99

Record/ playback modes Prerecorded
Mandatory Option1 Option2  Option3  tape playback
Number of channels 2 2 2 4 2 2
Sampling rate (kHz) 48 32 32 32 44.1 44.1
Quantization (bits) 16 16 12nonlin. 12nonlin. 16 16
Tape speed (mm/s) 8.15 8.15 4.075 8.15 8.15 12.225
Sub-code rate (kbit/s) 2731 273.1 136.5 273.1 2731 273.1
Playing time (13 um tape) 120 120 240 120 120 80
Drum speed (rev/min) 2000 2000 1000 2000 2000 2000

Table 4.1 The R-DAT options compared. 48 kHz record/play and 44.1 kHz
replay only are mandatory.

Broadcasters were not slow to realize the value of the portable R-DAT
machine. However, its usefulness as a post-production tool was limited
by its inability to synchronize with other machines. As a result of pressure
brought about by professional users, manufacturers and standards
organizations acted to incorporate the IEC timecode into the format,
together with video locking facilities, and to provide studio version
machines with interface facilities that permitted communication with edit
controllers and synchronizers.

The matter of incorporating IEC timecode into the format was not easy.
The frame rate of R-DAT is not locked to an external clock in domestic
models, and it differs from the frame rate of NTSC and PAL television
systems and their non-composite derivatives (25 Hz and 29.97 Hz approx-
imately). As a result traditional IEC cannot fit directly into one frame of

0.5 mm

A

Optional linear track 1

Azimuth = + 20°

3.81 mm
W motion 3.133 m/s
'l, Track width
13.591 um (normr
I \( 20.41 um (widel
Optional linear track [{ v /\
0 Slmm ) 8.15 mm/s (normal)
flispeimotion 12.225 mm/s (wide)

Figure 4.25 Azimuth recording employed in R-DAT results in the natural
forming of “track pairs’.
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100 Timecode Recording formats and timecode 101
R-DAT. To overcome this problem, incoming timecode is reprocessed to
allow one 80-bit timecode word to be recorded per R-DAT frame. It is 87 86 85 B4 83 B2 B BO
recorded in the sub-code areas, together with information regarding the o
offset b‘etween the two frame times. The following section will describe pe 0 0 i ) i 0 seio | sen
how this is done.
PC2 Fi Fo T2 T TO | (mSB) |
| Timecode in the R-DAT system PC3 | 11 bit umecode marker (Ls8) |
As Figure 4.26 shows, each sub-code area of an R-DAT track is divided PC4 Hours (RH}
into eight blocks, with an additional two blocks at each end forming pre- . .
and post-ambles. Each block is divided into 36 byte-sized symbols. The ey Minutes cRM?
first four of these symbols contain synchronizing and sub-data identifica- pCE Seconds (RS) |
tion information, together with parity checking bits. The remaining 32 }
symbols are divided into four packs of eight symbols, with each symbol PC? Frames (RF) |
containing 8 bits. There are thus 64 bits per pack, with the first four bits in : ‘
each pack (the ‘item area’) defining its content. One of these packs Pca Pack parity
contains the IEC time (but not user bit) information in a form known as
M 'X T2 T T0 £1 FO
A A | Sub-
A Sub- | A . T | code | B 0 0 0 30 Hz or SP10,1 # 00 0 0 a8 kt
g |code | T PCM audio data £ larea | C
l area F | 0 0 1 29.97 Hz non-drop frame 0 1 44 1
N
N 0 1 0 29.97 Hz deop-frame —-— 1 0 32 k!
0 1 1 25 Hz
1 0 0 24 Hz
8 blocks SPI SPIO
Pre-amble Post-amble
2 blocks 2 blocks 0 0 IEC timecode
{ ] l 4 ] 0 1 AES/EBU sample address code
1 0 AES/EBU time-of-day code
Figure 4.27 The Pro-R time pack. It contains information about sampling
g;i‘-:;“;}’r fl'am_e rate and timecode type. Time and control data are carried in
Sub-code Sub-([ data - An 11-bit timecode r:narker carries the offset that results from the differ-
ence between R-DAT and video or AES/EBU frame rates.
S\gm D Parity 32 symbols = 256 bits s .
8 bits e & pro-R time’. The make-up of each pro-R time pack, illustrated in Figure
address 4.27, is as follows:
" S PC-1 bits 4-7 define the pack as containing running time.
Figure 4.26 The sub-data areas carry 8 blocks of data. Each block contains 256 PC-1 bits 2 and 3 together with SPI-0 and SPI-1 define the contents
bits. These are grouped into 32 8-bit symbols. being pro-R time. as
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102 Timecode Recording formats and timecode 103
PC-2 bits F0 and F1 indicate the sampling frequency in use. This informa-
tion is necessary to calculate the offset between timecode and RDAT 625/50 Frames
frames. =
. ) ) ) n-3 n-2 n-1 n n+1 n+2
Bits TO-T2 identify the type of timecode (25 frame, drop-frame etc.).
Bits MO-M10 in the rest of PC-2 and all of PC-3 are collectively known as | 40ms { !
the ‘timecode marker’. They provide information to calculate the offset ‘ 1\ O/S: , 0/
between the timecode and R-DAT frames in terms of cycles of the R-DAT F }‘rﬂ besy —ty
. - rames J ms | !
sampling frequency. ! i
n-4 n-3 n-2 n-1 n n+1 n+2
PC-4 bits carry the hours data. Eaiants Rt Il St el mhh niaiatts Rantenioely r—— .
n-2 n-1 n-1 n n+1 n+2 n+3
PC-5 bits carry the minutes data. i 30 ms | 0/S
. | 0/s f—— i
PC-6 bits carry the seconds data. I — ‘ | _elp
I —— Y I
PC-7 bits carry the frames data. ' 133.37 ms| : |
PC-8 bits provide parity checks on the pack. n-3 n-2 n-1 n nel n=+2 ‘ n+3 [
There are Varioqs methods_ of converti.ng time data from IEC to R-DAT 525/60 Frames (V)
form. One of the simplest to implement is by means of a look-up table. (a)
40 ms
1920 sampies
The timecode marker (TCM) =
Because the frame rate of IEC timecode is slower than the frame rate of I J I | 25 fps (EBU)
the R-DAT format, the time and R-DAT frames will cycle through, only
occasionally coming into coincidence. If the R-DAT recorder is locked to 4' fio 200 £60 e |_210 ’ 1200
the same source as the incoming timecode, the offset, though varying, will 1’
be predictable. If they are not locked together, or if one (or both) is giving T
an unstable output, then the offset will be unpredictable and will have to | DAT frames
be calculated for each frame. Figure 4.28 illustrates. The nominal ratios —.{ — b)
between R-DAT frame rate and those of various other media are given in 30 ms
Table 4.2. Although this table shows simple ratios, it must be remembered 1440 samples '
that these will only be precise if the R-DAT machine and the video camera \
are locked to a common reference signal.
To calculate the TCM, the IEC time address word is converted into its ] | ‘a's' N g:;ﬁ’ and .
. . n
equivalent R-DAT time frame, perhaps by means of a look-up table. The [REHESGONS Hage
L ’ 288 627
l | > e |
R-DAT frame rate is 33.33 Hz 1236 960 |
Time Code Ratio
Type Time Code : R-DAT [ DAT frames I
SMPTE 29.97 Hz 900:1001 (c)
30 Hz 9:10
EBU 25 Hz 3:4 Figure 4.28 (a) In both 625/50 and 525/ 60 systems the timecode frame duration
Film 24 Hz. 18:25 is longer than the R-DAT frame. (b) When the system is synchronous the time
, offset is predictable and can be calculated directly from the previous timecode
Table 4.2 There are simple ratios between R-DAT, 525/60, 625/50 and SMTE market. (c) When the system has non-synchronous or unstable frame rates the
film frame rates. offset cannot be predicted but must be individually calculated.
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625/50

} 48 kHz _ _

. Sampling
173 5

Samples

17349 = 000101011015 in 11-bit TCM data

Figure 4.29 The TCM carries, in digital form, the number of samples occurring
during the offset between R-DAT frame and incoming timecode frame. For this
reason the Pro-R pack must contain sampling rate information.

difference in the start times of the IEC frame and its equivalent R-DAT
frame obtained from this table provides an offset, “or’. There will usually
be a difference in time between the start of the R-DAT frame in the look-up
table and the actual R-DAT frame ‘on’. The difference between the two
(on—or) gives a time difference ‘t’ between the reference DAT frame and
the actual DAT frame. This time is divided by the periodic time of the
master clock (its frequency will be that of the sampling frequency, hence
the need to know it). The TCM is the number of clock count obtained. The
TCM is converted into digital form and recorded as bits MO-M10 within
the pack. Consequently the theoretical resolution of this system is sample
accurate (cf LTC which can only be bit accurate — 1/80 LTC wordlength).
Figure 4.29 illustrates the process for 625/50 code and a sampling
frequency of 48 kHz.

The timecode embedded within the AES/EBU digital interface signal
may also be encoded within the time data pack. Bits SPI-0 and SPI-1 flag
this condition. The AES/EBU code is placed in packs PC4-PC-7, MSB in
PC—4. PC-8 is for error detection. Figure 4.30 illustrates.

The user bits found within traditional timecode are incorporated in
similar manner in a pack situated within a block of sub-data at the other
end of the track pair.

Appendix 3 gives details of the R-DAT sub-codes and the formulae
used to convert between the different timecodes.

R-DAT timecode in shuttle

Azimuth recording techniques, coupled with the relatively short recorded
track lengths of R-DAT, make it possible to read pro-R time in shuttle, as
Figure 4.31 illustrates.

Recording formats and timecode 105

PC4 mMsB

PCS5

PCs

PC7 LSB

PC8 Pack parity

Figure 4.30 PC4-8 carry a 32-bit single code word when recording AES/EBU
timecode (ProDIO code).

DASH and Prodigi

Both these formats provide a number of digital linear multi-track options.
DASH provides up to 24 digital audio channels plus two auxiliary
analogue channels and timecode. A control track looks after tape speed
stability. Prodigi provides up to 32 digital audio tracks together with two
digital auxiliary audio channels and timecode. There is no control track as
the clock signals are embedded within the digital audio channels in the
form of sync words. Figure 4.32 illustrates a representative footprint of the
two formats.

The Prodigi tape must be formatted prior to recording programme
material unless all audio tracks are to be recorded simultaneously. This is

e

< L\
"‘*‘\\\\\\ \"\"‘\‘
AR

N \
Figure 4.31 R-DAT permits replay of timecode in shuttle because an individual

head will not replay track with the inappropriate azimuth, and because the
individual data blocks are short and carry idents.
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7777777777077
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D000
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7 T Feterence

700000 sz Tmeeode

Figure 4.32 A typical DASH footprint.

because the error correction strategy employed calculates checkwords
from data across all tracks. Formatting is done by putting the machine
into record on all tracks with zero input on all channels. Formatting also
provides an opportunity to record timecode.

The DASH format has separate digital audio and timecode/analogue
headstacks. The Prodigi records all data, including timecode, on the same
headstack, so an advance replay head is provided for ‘punch-ins’ (Figure
433 illustrates). Both formats support the AES/EBU digital audio
interface.

New input
on channel 4
i
o No—
Replay ) Record
bl | | De . ._g\g_ Multiplex 1 interleave
¢ multiplex
interleave —g\—
=l
L oo
Advance bein
T play head Tape = e

Figure 4.33 Prodigi provides an advance play head to permit de-multiplexing of
words across the tracks for drop-ins, etc,
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It is important, if the machines are to be used in audio/video post-
production, that all recording (and formatting), as well as replay, are
undertaken with the machine locked to reference syncs (not a synchro-
nizer).

Nagra-D

This four-channel digital audio field recorder employs X in tape, records
digital audio data as a series of helical tracks, and has an analogue cue
audio track as well as control and timecode tracks (Figure 4.34). Standard
IEC longitudinal timecode is recorded. The timecode interconnection on
the Nagra-D (and for that matter on the analogue Nagra IV-S TC) is via a
five-pin ‘Lemo’ connector. Pin 1 is common (chassis), pins 2 and 3 are for
symmetrical timecode in, pin 4 is not connected and pin 5 carries
reprocessed timecode out. Figure 4.35 illustrates the pinout. The Nagra-D
also has the facility to replay timecode synchonously at a different frame
rate from that recorded. So, for example, if timecode has been accidentally
recorded at 24 frames/s, it can be replayed as 29.97 frames/ sec code while
the accompanying audio still replays synchronously with video. The
Nagra-D format also allows several machines to be locked together in
replay while maintaining accuracy of synchronization to within one audio
sample.

1/ain centre-track analogue audio

There are two track-width options for two-track analogue audiotape
machines, NAB and CCIR. The NAB option has narrower track widths,
with a wider guardband between them than with the CCIR standard, so
can accommodate a longitudinal timecode track between them with
minimal prospect of crosstalk. The LTC signal is recorded along a 0.38 mm
wide track in the centre of a 2.0 mm wide band in the centre of the tape,

[ Cue track

Direction of head travel

Control track
Timecode track

Direction of tape travel

Figure 4.34 The Nagra D tape format incorporates a traditional longitudinal
timecode track.
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5

Balanced ‘
fimecode in
Notonnected

Figure 4.35 The Nagra D accepts IEC timecode in as a blanced signal. The
timecode out is reprocessed.

as Figure 4.36 illustrates. The peak-to-peak level should be 6 + 3 dB below
peak-to-peak maximum audio level. Rise and fall times, and overshoot,
are those specified in Appendix 2. The code should be recorded with a
time constant of 0 Hz (i.e. no equalization), and without noise reduction,
these requirements being intended to ensure that minimal phase distor-
tion occurs. Crosstalk from timecode to audio should be better than 80 dB
below maximum audio level. Crosstalk from audio to timecode between
40 Hz and 16 kHz should be better than 25 dB below timecode level. Input
and output levels should be between 1 and 4 volts peak-to-peak. Input
impedance should be greater than 5 kQ; output impedance should be less
than 40 Q.

Although video machines record and replay audio off the same head (a
condition necessary to maintain sync with the picture), audio machines
are not so constrained, so can have separate head stacks optimized for
their particular function. The manufacturer, therefore, has to consider
how the timecode heads will be arranged. Will there be a common write/
read head, or will separate heads be provided? Will the timecode heads be
incorporated into the audio headstacks or will they be placed upstream?
However the manufacturer arranges things, the timecode address on tape
must correspond to the audio material recorded physically alongside it. If

r L

L)

[— > ( Audio 1
\ Audio } Timecode
| Audio 2 { Audio 2 {
== — € )
{a) (b}

Figure 4.36 Timecode can be recorded in the centre of a two track analogue tape
if sufficiently wide guard bands are provided to minimize crosstalk.
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the timecode heads are offset from the audio heads, the manufacturer will
provide internal compensation for this offset, and may also provide a
warning if this offset is in error.

Analogue audio machines lift the tape away from the heads during
shuttle, and there are no control tracks to keep account of elapsed time.
Instead, they have tachometer pulses, derived from transducers attached
to a rotating idler. These pulses are arbitrary in their time spacing, being
dependent on the effective diameter of the idler as well as the speed of the
tape. They will give an indication of which direction the tape is moving.
They may be presented to the outside world in a variety of forms
including bi-directional pulses and frequency shift keying. It is important
that any synchronizer can understand the particular form in which the
tacho pulses will arrive, and the distance travelled (and hence time
elapsed) by the tape. If this cannot be done then the audio machine will
have to keep slowing down to examine the time addresses. This will make
the location of sequences spaced apart on the tape exceedingly tedious. A
number of synchronizers on the market will either learn the tacho pulse
details automatically, or can be programmed to recognize specific
machines by the installation of software.

The Nagra IV-S TC

This /4in centre-track timecode machine has a separate pull-out timecode
board, situated under the main chassis. It cannot be easily accessed while
the machine is in its carry-on case, and is easily damaged if not pushed
fully home before the machine is put back into its case. It has extensive
timecode facilities, accessed via multi-function key pads, which are
outlined in Appendix 10.

Timecode facilities are accessed via a 5-pin ‘Lemo’ connector, and there
are a couple of options available. On both options pin 1 is common
connection to chassis. One option provides for symmetrical (balanced)
timecode in on pins 2 and 3. The other option provides for unbalanced
longitudinal (IEC) timecode in on pin 2, with pin 3 carrying Aaton
timecode in/out on pin 3. On both options pin 4 (TC play) carries the
unregenerated (differentiated) timecode signal when in playback. Pin 5
(TC out) carries the timecode generator output while recording and in
‘Test’, and provides regenerated timecode out when in playback. Figure
4.37 illustrates the differences in pinouts.

The energy for the timecode generator is supplied across a large (1 F)
capacitor. This will power the timecode circuits for about 2 minutes when
internal batteries are changed. It takes about 50 seconds to charge up
when the Nagra is first switched on, or after storage without batteries.
Until it has charged no timecode functions can be guaranteed.
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Audio analogue multi-track

Timecode must be placed on the highest numbered track of a multi-track
machine. Noise reduction should not be employed in order to minimize
the possibility of phase distortion. The next highest track number should
be left spare, and timecode should be recorded at —10 VU. These two
precautions are intended to minimize crosstalk. It is important to ensure
that timecode is replayed from the correct headstack. The arguments that
apply to tachometer pulses on Y4in machines apply to 2in multi-track as
well. Consideration should be given to incorporating dedicated electronics
for the timecode track, to enable reading and reprocessing on replay.

Carman TCout Comman TCout
chassis chassis
Unbalenced IEC
( RN NG
Symmetrcal \ A —>
(balanced)
tmecodein
Aaton timecode
TC play inout TC play
(@) ®)

Figure 4.37 The Nagra IV-STC has the option of two versions. In (a) IEC
timecode is accepted as a balanced input on pins 2 and 3. In (b) IEC is accepted
as an unbalanced input on pin 2, with Aaton timecode in /out on pin 3. In both
cases pin 1 is common. Both versions deliver reprocessed timecode out on pin 5
(off-tape in play, tc generator in other powered models), and unprocessed off-
tape timecode out on pin 4.

Recording levels

The IEC now specifies the tracks and recording levels for time-and-
control codes recorded in formats used with broadcast standard VCRs.
These are summarized in Table 4.3, together with details of the relevant
IEC publications and sections.
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Format 1EC Publication and Section Time-code track Recording Level* Notes
Transverse-track 347 {4] Section 4.5 Cue track 600-800 nWb/m p-p 1
Format B 602 [5], Amendment 1, Section 7.4.3  Audio track 3 720470 nWb/m p-p 2
Format C 558 [6], Amendment 1, Section 8.5.3  Audio track 3 =>186 nWb/m p-p
Betacam SP 961 [7] Section 13 Dedicated time-code track 500 nWb/m rms 3
MIL 1118 {8] Section 5.4 Dedicated time-code track 250450 nWb/m p-p

D1 1016 [9] Section 35 Dedicated time-code track 185420 nWb/m rms

D2 1709 [10] Section 9.5 Dedicated time-code track 500420 nWb/m p-p

D3 [11] Section 39 Dedicated time-code track 250420 nWb/m p-p
Analogue multi-  94-6 [12] Audio track having the Not standardized 4
track audio highest number

Notes:

*Recording levels are expressed as the rms or peak-to-peak magnetic short-circuit flux level, per metre of

record track width.

1. The transverse-track format is obsolete and is no longer recommended for programme exchanges.

2. A recording level of 720 nWb/m p-p corresponds to 254 nWb/m rms, for a sinusoidal signal,

3. The recording level shall be sufficient to ensure full saturation of the magnetic domains.

4. The audio track adjacent to the track carrying the time-code should preferably remain un-recorded.
The recording level is chosen to give reliable time-code reading at speeds which are not close to zero,
but should be low enough to avoid cross-talk into the audio tracks.

Table 4.3 IEC specifications for timecode tracks and levels.
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CHAPTER 5

Timecode and film

Introduction

For many years, people working with film have employed a system of
film footage numbering, commonly called ‘key numbers’. These are
printed along the edge of film stock at the time of manufacture as a latent
image, becoming human-readable when the film is processed. The
purpose of these numbers has been to facilitate the work of the negative
cutter, once the film editor has done his or her work (Figure 5.1). In
addition to the key number, a ‘strip number’, having a random relation-
ship to the key number, has also been present to act as a check in the event
of duplicated key numbers (always a possibility with a full-length feature
film, where hundreds of thousands of feet of film may have been shot).
The key number identifies the film type, the printer number (part of the
quality control system), the perforation equipment and the footage count.
As some scenes may be less than 1 ft long (especially in pop music videos)
there may be no key number present in a particular shot. Recent develop-
ments in film production have resulted in the marriage of traditional film
numbering systems with timecode. This chapter examines the coding
systems available, together with the options expected to be developed in
the near future.

Q0000000000000 0O0O0000000D00000000000

W13 AL3SVS LT NYWLSVY3

F57X6165€

z
DDDDDDUDDDDDDDDDDEJDDDDDDDDDDDDDDDD

Figure 5.1 The original style key number
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Figure 5.2 16 mm timecode recorded at the time of shooting within the camera
as latent images along the opposite edge to the perforations.
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covered in Chapter 3. There are differences in the synchronizing bits, as
the two versions have different implementations. The C-format code is
designed for application when the film is moving continuously both
| during filming and replaying. The codeword contains 80 bits, and should

begin at a point adjacent to the centre of the frame bar (the frame line),
| though any point between the frame line and the centre line of the frame
| is acceptable (Figure 5.4). The bit allocation is identical to the 525/60 |

version of IEC longitudinal timecode. Arriflex have developed an in-
0 0 1 @ camera recording system based on this format. The B-format code is
recorded in blocks, each block being complete in itself. It is designed for
use with equipment that has intermittent film motion, though it can also |

be played back in continuous mode. The format is illustrated in Figure 5.5.
: There are 112 bits to the complete word:
(b) '
Bits 0-7 and 104-111
These are timing bits. They are alternate logical 1s and Os. Bits 0-7 start
0,1; bits 104-112 start 1,0.
|

0 0 1 0 Bits 8-23 and 88-103 |

These are synchronizing words. They are identical, and have the same
Figure 5.3 16 mm timecode recorded magnetically by either phase shift keying . form as the LTC synchronizing word discussed in Chapter 3.

(a) or by a RZ code (b).
Bits 24-87 have the same allocations as bits 0-63 of the 525/60 version of
EBU/IRT and EBU/TDF timecodes IEC longitudinal timecode.
The gaps between the blocks are a minimum of 10% of the frame length
1 (a frame length being the distance between two successive frame lines). To
reduce the d.c. content of the code, the inter-block gaps should be filled

These codes were developed in the 1970s by the Institut fiir
Rundfunktechnik in Munich, in collaboration with Télédiffusion de
France. They both carry timecode information as defined in EBU
document 3096, and provide time and date of shooting information
together with the camera number. The code is recorded either optically or
magnetically along the film edge of 16 mm film. Figure 5.2 illustrates the
optical form of the code. Each codeword occupies 25 frames, and there are
4 bits of information per frame length, a data rate of 100 bits per second. Syncword (Y]
The code is binary coded decimal. The optical form of the code is straight-

forward NRZ. The magnetic forms of the code differ slightly between the

IRT and TDF versions, with IRT specifying pulse poiat*it:\f (Feturn to zerp) r—
to determine logical 1s and Os, and the TDF version specifying phase shift start range
keying. Figure 5.3 illustrates the differences. The code extends past of code word |
midnight to 28 hours. This is to avoid the code resettling to 00.00.00.00 at Jm_.
midnight, which might cause problems in post-production. Syme word

|2Aen

SMPTE film codes

Timecodes for film are specified in SMPTE Recommended Practice RP
136-1990. There are two versions, B-format and C-format. The arrange-
ment of time and data bits in both formats is that of the [EC 525/60 code Figure 5.4 SMPTE C-format film timecode.

——
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B format timecode
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Figure 5.5 SMPTE B-format film timecode.

with alternate Os and 1s. The lateral positioning of code on the film will
depend on the particular format being used, and is laid down in various
SMPTE Recommended Practices. The bit allocation between two formats
is compared in Figure 5.6.

Both B- and C-format versions of the code employ biphase mark
coding. They can each be recorded on film optically or magnetically. On
final (release) prints, the timecode at the start of the picture is 01h 00m 00s
00f. All frames prior to the start of the picture are coded 0Th 00m 00s
00f. On films with more than one reel the picture start is indicated by 01h
00m 00s 00f, with all preceding frames being similarly coded. Successive
reels are numbered similarly, with the hour increasing by 1 for each
successive reel.

Arriflex 16 mm cameras always use the C-format code. It is recorded in
the magazine where the film movement is continuous. Arriflex 35 mm
cameras use both ‘in gate’ and ‘in magazine’ methods, depending on the
model.

Film binary groups data

At the time of writing the use of the binary groups is specified in SMPTE
Recommended Practice 135-1990. This provides for information
concerning the shoot to be placed in the user bits. The decision as to
whether to provide/use this data is left to the discretion of the equipment
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manufacturer/user. The binary group flag bits indicate the use of the
binary groups for carrying this data, which contains the date of the shoot
together with camera, roll/ tape, scene, take and production numbers, and
details of the shot material (daylight/tungsten, day/night, sync/non-sync
etc.). Details of the code are given in Appendix 4. There is now an SMPTE
standard 262m) for the 1.1 setting of the flag bits to indicate the use of the
binary groups for additional data. Multiple timecodes, production data,
titles, transmission and remote control data are all possibilities.
Appendices 4 and 5 give an outline.

Type b Type C Detail
code bits code bits
0-7 Alternating zeros and ones
8-23 Synchronizing word
8-9 Fixed Zeros
10 - 21 Fixed Ones
22 Fixed Zero
23 Fixed One
24 - 27 0- 3 Units of frames
28 — 31 4-7 First binary group
32-33 8- 9 Tens of frames
34 10 Drop frame flag
35 11 Colour frame flag
36 -39 12-15 Second binary group
40 - 43 16-19 Units of seconds
44 — 47 20-23 Third binary group
48 - 50 24 - 26 Tens of seconds
51 27 Biphase mark correction bit
52 - 55 28 — 31 Fourth binary group
56 - 59 32 -35 Units of minutes
60 — 63 36 -39 Fifth binary group
64 — 66 40 — 42 Tens of minutes
67 43 Binary group flag bit
68 — 71 44 ~ 47 Sixth binary group
72-75 48 — 51 Units of hours
76-79 52 - 55 Seventh binary group
80 — 81 56 - 57 Tens of hours
82 58 Unassigned (zero till assigned)
83 59 Binary group flag bit
84 — 87 60 — 63 Eighth binary group
88 — 103 64 -79 Synchronizing word
88 — 89 64 - 65 Fixed zeros
90 - 101 66 — 77 Fixed ones
102 78 Fixed zero
103 79 Fixed one
104 — 111 Alternating ones and zeroes

Figure 5.6 SMPTE code format bit allocations compared.
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DataKode®

In the early 1980s, the Eastman Kodak Company developed a method of
coating film stock with low-density gamma ferric oxide, approximately
0.005 mm thick. The film base was coated on the non-emulsion side. Time
data could be recorded onto this coating magnetically, and later replayed
either during film to videotape transfer or for viewing. Called DataKode®,
this was not intended for release prints. The coating reduced the transmit-
tance of the film stock slightly as additional dyes were required to keep
the density neutral. This was of no consequence when shooting as the
coating was on the film base; nor was it expected to cause any problems
either to the printers or in the review rooms. However, as with all
magnetic record/replay systems, contact between record/play head and
magnetic surface is necessary to maintain consistent playback quality
(freedom from dropout, resolution). The risk of scratches arising from this
contact precluded the use of the picture area for this code, so although the
coating covered the entire film surface only a narrow strip along the edge
of the film stock could be utilized. There were further problems associated
with the installation of record and confidence heads in camera instant-
change magazines and the risk of mixing different types of film stock, so
in the end the system was not adopted for 16 mm use.

Eventually the Datakode was abandoned altogether, and a machine-
readable barcode system was developed, called KeyKode®. Details of
KeyKode are given later in this chapter.

Aaton and Arriflex timecode systems

Two companies, Aaton des Autres and the Arriflex Corporation, have
developed in-camera timecode recording systems. Aaton have taken the
route of encoding the time data in the form of matrices of 91 dots (13
columns of 7 lines) per frame, with specific sequences of timecoded
frames alternating with additional information concerning the shoot.
Their approach has been to develop a dedicated range of equipment to
perform such tasks as setting the timecode and user bits, and creating
databases for use in film/video transfer and subsequent post-production.
The Arriflex approach has been to record time data in standard SMPTE
RP136-1990 formats (both B- and C-formats are supported) though at the
time of writing the SMPTE RP 135-1990 user bit options for the carrying
of additional data are not implemented.

AatonCode

Of the 91 dots in the 7 x 13 matrix, 64 carry time and user bit information
as standard SMPTE/EBU code; a further 27 bits carry control and
synchronization information. The blocks are recorded two frames down
from the gate, the offset being compensated for at the time of recording.

Timecode and film 119

The matrix is exposed onto film by a row of seven red LEDS. When code
is running, these can be seen twinkling in the camera before the magazine
is loaded, though this should not be taken as a confidence check as LEDs
have been known to ‘stick” on or off due to failure in the drive electronics.
In the 35 mm film format these blocks are recorded on the outside of the
outside of the sprocket holes on the opposite side of film to KeyKode®. In
the 16 mm film format the code is recorded between the sprocket holes,
on the same side as KeyKode®, which is recorded outside the sprocket
holes. With the Super-16 format the code is also recorded between the
sprocket holes, and although there was some overlap between the
AatonCode and KeyKode® (the human-readable characters within
KeyKode® are larger than the machine-readable barcode), and also
between AatonCode and traditional edge numbers, different emulsion
dye colours are exposed so that each can be easily read.

The 64-bit ‘core’ of the Aaton code block is in accordance with SMPTE
RP 135-1990, which means that the user bits can contain date, scene, take,
roll, production and equipment identification codes. The 35 mm form of
the code also incorporates a zero frame indicator.

In the 35 mm form of the code, human-readable data are contained in
a sequence ‘paged’ over a number of frames, with each sequence
containing one or two numbers or letters in the following sequence:

R XX XX Roll number

TK XX XX Take number

SC XX XX Scene number

E XX XX Camera number (may be designated CM)
P XX XX Production number

YY MM DD Date

HH MM SS Time

s Zero frame indicator

In the 16 mm form of the code 6 frames in 24 provide the following
human-readable information:

Time ‘HH MM 5SS every second

Date YY ‘MM DD every three seconds
Equipment ID :EQ XX XX every three seconds
Production ID :PR XX XX every three seconds

Examples of the AatonCode are illustrated in Figure 5.7.

Arriflex Code

In the Arriflex Film Identification and Sync System (FIS), timecode is
recorded as a series of stripes along the film, between the picture frames
and the sprocket holes, on the same side as KeyKode®. Film exposure is
from a single LED, either in the gate or within the magazine. If the LED is
in the gate, and B-format code is being recorded, a microprocessor within
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Figure 5.7 AatonCode recorded in-camera on the Super-16 format (a) and on
35 mm (b). There is no conflict with KeyKode®.
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the camera controls the generation of the codeword to compensate for the
acceleration and deceleration of the film. If the LED is in the magazine,
and C-format code is being recorded, the microprocessor calculates the
loop size (from the ballistics of the film movement) and compensates
accordingly. The camera timecode generator is momentarily jam-synced
to an external source of code. The code source should not be removed
after syncing, however, as the oscillator driving the transport and gate
mechanisms requires a continuous feed of external timecode to maintain
synchronization with the associated audio recorder. Confidence of
incoming code is achieved by either checking whether the LED is
twinkling (if it can be seen) or by an external indicator LED. If the
incoming code fails, the camera will revert to 24 fps. Figure 5.8 shows an
example of ArriFIS code recorded on 35 mm film. During film/video
transfer both SMPTE and KeyKode® are read and held on a microcom-
puter database, together with the videotape timecode. KeyKode® data can
be put into the user bits of the videotape timecode. These data are later
used by the controlling microcomputer to conform the EDL for the final
cutting / process work. Figure 5.9 illustrates a typical arrangement.

OO0O0O000O0o0cO0O0000000

ooo0ooO0oDOooDooocoooo0ao

Figure 5.8 SMPTE code recorded in-camera by the ArriFIS system. There is no

conflict with KeyKode®.
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Figure 5.9 Film-to-video transfer involves KeyKode®, bi-phase (tacho) pulses
and timecode. A small computer with a suitable database controls the process

and logs the codes.
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Machine-readable film timecodes

In 1988 the first discussions took place regarding a new edgeprint format,
in 1990 the SMPTE proposed a standard for ‘Manufacturer-printed latent
image identification information” and in 1994 the standards were adopted
as SMPTE 270 (for 65 mm film) and SMPTE 271 (for 16 mm film). This has
been implemented by film stock manufacturers, for example the Eastman
Kodak Company with its KeyKode® number system. The code is put on
the film stock during manufacture as a latent image, which becomes
visible when the film is developed. The code is both human- and
machine-readable. The machine-readable code is a barcode to USS128
standard. This particular barcode is specifically intended for use with
reflective media. Two characters are embedded in one symbol. The code
can identify the film manufacturer and the type of film stock, as well as
time data. The manufacturer’s identification codes are given in Table 5.1.
The Film Type Identifier Codes are included at the manufacturer’s discre-
tion. The time data are embedded in a ten-digit number which indicates
film footage and roll number. Figures 5.10-5.12 illustrate the 16, 35 and 65
mm forms of the code, as implemented by the Eastman Kodak Company.

The various colours of the edgecode assist in distinguishing between
human- and machine-readable information.

Barcode is cyan

Human-readable numbers are blue
Matching check symbols are blue
Manufacturer information is magenta

Manufacturer Code
Agfa-Gevaert N.V. A
Eastman Kodak Company K

Fuji Film Company E

Other or non-designated (nothing)

Table 5.1 KeyKode® manufacturers’ codes.

Zero frame in the foot is the frame that is immediately above the zero
frame mark. In the 35 mm format the code repeats every 64 perforations
(every foot) with an identified mid-foot code 32 perforations after zero
frame. In the 16 mm format the code increases by 1 every 20 perforations
(6in). It is less wide than the 35 mm version in order to keep it out of the
way of Aaton Time Code. The key number itself is numeric, and printed
in both human-readable and barcode form. The key number is a 6-digit
roll identification number and a 4-digit footage number. The barcode also
contains the additional manufacturer and film type information
mentioned earlier.

The barcode data consist of 16 digits, arranged into 8 characters: a 2-
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digit manufacturer’s identification code, a 2-digit film type code, a 6-digit
- number (the ‘prefix’) to identify the roll, a 4-digit footage count, and a 2-
= <o ofi digit offset (00 for the code at frame zero, 32 for the mid-foot code). The
iE= g' ig%gf i% code is preceded by a start character. It is followed by checksum and stop
ég = i ié o E characters. The checksum is the Modulo 103 sum of the start character
o =X § §_€13“§ §'§ S and the weighted values of the 8 data characters.
of o] 1=z § M .
ole = !i !iﬂﬁi 5 Many manufacturers have developed equipment to both read the
§la % o in — g KeyKode® number system, and to convert it to [EC code (Figure 5.13).
2 o = s ﬁ This facility permits the video off-line editing of film. The timecode can
= n"""‘%""‘"g ,! g_ = LTS 8D © also be converted back to key number form again for the convenience of
8o :Da. = e 2 the negative cutter.
for! o' ag ;g!l E_E_ g g_‘
N TTERET TR o E
52 e i == 3 . .
3 = giﬁ ﬁ (7 ,i = e v Film transfer to PAL video
o = E:— '_;é
= = ~ kel
= %a :h é — T N Much film post-production is undertaken on videotape. This involves
2 =4 g ﬂf,i i =0 moutw g transfer of film to video at two separate points in the process: before video
: gw%’v"‘g! i il!i g i — e g editing, and after video editing, before sound post-production. If the film
3| of =y %
o =f 38§k ﬂ !ELE : 5
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3 3= .
Ig & o SN Figure 5.13 A timecode processor (a), which will display KeyKode®, TC
2 ! E ‘3 5 generator path, TC signal type, and colour frame number (b), as well as
2 & 5 g‘ performing a wide range of reprocessing and code translation functions.
E’ 3 Courtesy Avitel Electronics Limited.
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Figure 5.16 The film /video field/ frame relationships that can be displayed on a
picture monitor. Courtesy Avitel Electronics Limited.

and the accompanying audio are shot at 25 Hz frame rate there should be
no problems with either pictures or sound transfer as long as everything
is synced together. However, if the film has been shot at 24 Hz there can
be problems. If the telecine/video transfer is done at 25 Hz, the film will
be running 4.1666...% fast. This can cause problems with some database
management systems as they round up after a few decimal places,
causing drift over time. The time discrepancies brought about this change
in speed shift can be logged in the database of the controlling microcom-
puter or recorded in the user bits on the videotape. The sound will be
running fast however, and particularly where music is concerned the
discrepancy will be very audible.

A more elegant solution is to run the telecine at 24 Hz frame rate, locked
to station syncs, and to make up the additional frames. Since telecine
machines are working with optical images they can have RGB or
component outputs, which means that sub-carrier phase is not a problem.
An extra field can be added every twelve frames, the scans on the
machine being modified accordingly, to maintain interlace. There will be
short-term time discrepancies between timecode of film and real time, but
these can be accommodated by a microcomputer and suitable database.
The sound should either be transferred via a recorder locked to 50 Hz (the
original tape running at 24 fps), or transferred to a machine (perhaps a
digital sound station) which can run the sound at an equivalent 24 fps rate
while being locked to 50 Hz In either case the 50 Hz reference is divided
down to give a 25 Hz frame rate.

Transfer of film to video intended for digitizing into a non-linear
editing system can be much simpler, but will vary according to the non-
linear system employed, and the capability of the telecine to run at 24 fps.
In this respect, later versions of data management systems, such as
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Aaton’s Keylink are able to convert 24 fps recorded code into a time-
correct 25 fps 625/50 code. Chapter 10 discusses the options in detail.

3-line VITC

In 1994 Aaton and Evertz proposed a 3-line encoding format that can be
generated during film-to-video transfer. The code is able to carry the in-
camera code, audio recorder code, in-camera date, camera ident and
Aaton Tags, all recorded at the time of shooting, as well as video tape code
(of the recording VCR), video reel ident (of the recording VCR), 3/2 pull-
down code (see next section) and KeyKode®, all recorded at film-to-video-
transfer. The first VITC line carries traditional VITC CRCC, the other two
lines each have their own unique CRCC to prevent confusion with
traditional VITC information. Although the positioning of the 3-line VITC
block is up to the user, the manufacturers recommend the following:

Block 625/50 lines 525/60 lines

1 19-20-21 18 -19-20

2 (optional) 14-15-16 13~14-~15

3 (White Flag) 12 12
(optional)

The first line of a block is defined as that which lies closest to the
vertical interval. The data are recorded in the three lines in the following
manner:

Time bits User bits CRCC
1st line  Videotape timecode Aaton Tags or Normal
video reel ID
2nd line Pulldown and Keykode® I(ey[(ode® Inverted
3rd line In-camera (production) Audio user bits or MS nibble inverted
or audio timecode in-camera date & ID

The first line of the 3-line VITC is encoded with normal VITC CRCC so
that it can be accessed by timecode readers installed in existing VCRs. The
CRCC in the second line is inverted (i.e. ‘1’s and ‘0’s are inverted), and the
third line has the bits in the most significant nibble of the CRCC inverted
to prevent confusion from existing VITC readers. The White Flag line can
be used to identify the first field of a video frame that results from a new
image transfer.

The generators of the codes are manufactured as 1-U high 19in rack
mounted units by a number of manufacturers, including manufacturers
of non-linear editors, and may also contain or access data management
systems (such as Aaton’s Keylink or Avid’s Phoenix). The ability to
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transfer all relevant time- and film-footage codes to videotape has
profound implications not just for post-production, but also for the way a
film is shot. These are discussed in Chapters 8 and 10. Appendix 8 carries
the details of the bit arrangements within 3-line VITC.

Film transfer via 3/2 pulldown

Film shot at 24 fps cannot be run at 30 fps because of the large speed
discrepancy between the two rates. To overcome this, and to permit easy
comparison between film frame and corresponding video field, as identi-
fied by timecode, additional fields have to be inserted in a known
sequence, This process, known as ‘3/2 pulldown’, is illustrated in Figure
5.14. As can be seen, the sequence repeats every four film and five video
(and timecode) frames, a ratio of 24:30. As the initial sequence starts with
film from 00 and timecode from 00 it is possible to identify each point in
the sequence from the timecode. If the video is running at 29.97 fps (as it
will be with colour) then the telecine will need to run at 23.976 fps. The
short-term time discrepancies can again be handled by a microcomputer.

[t is possible to transfer film to video without 3/2 pulldown by using
an optical multiplex system (linear transfer). In this case the film frames
are mixed together in various proportions in each video field (Figure
5,15), with each film frame being transferred to an average of 1.25 video
frames. This mix of frames is less than satisfactory. If 3/2 pulldown and
linear transfer methods are compared we can see that with 3/2 pulldown
three in five video frames (A, B and D) each contain information from one
single film frame; with linear transfer only two video frames (A and D) in
five each contain information from one single film frame. Equipment is
available to display the correlation between film and video frames and
fields and to display that correlation within the picture area, together with
the timecode (Figure 5.16).

Control of 4:3 scanning for the presentation of wide-screen
films

Within the EBU, although there is no restriction on the use of user bits by
any individual organization for the exchange of recorded programmes,
some broadcasters have devised some uses for them which the EBU has
documented and distributed for the benefit of its members. One use,
devised by the French broadcaster TDF, concerns the control of video
scanning of wide-screen feature films for transmission in the standard 4:3
aspect ratio.

There are two ways in which wide-screen (16:9) format film can be
transmitted; either it can be sent in ‘letterbox’ display, with black bars
above and below the picture, or a panscan display can be presented,
where a full-height section of the 16:9 film frame fills the screen, but parts
of the sides are lost. The displayed section can be moved around to
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preserve as far as possible the artistic composition of the film frames.

If the film is transferred, in 16:9 format, to videotape before playout,
codes can be placed in the user bits to select which area of the original
picture will be transmitted. This is called ‘Panscan’.

The user bits in the LTC carry the control data because:

1 LTC tracks are available on all current and proposed broadcast tape
formats.
2 The data can be edited independently of picture and sound.

The data are sent twice, on separate frames, because:

1 LTC is not decoded until the end of the timecode word has been
reached (at the end of the frame). This implies a delay in the picture
while the scanning data are decoded.

2 Sending scanning data in advance permits applications that involve
sPecial effects stores, or which require panscan data in advance of the
picture.

Panscan data is sent both during the picture to which it applies, and 15
frames ahead of that picture, so also carries information about the current
frame (f) and the following frame (f + 15) to which it refers. The data are
sent in binary groups 1-5. Groups 1 and 2 carry information for current
frame (f), groups 3 and 4 carry information for frame (f + 15), group 5

carries aspect ratio data flags. Table 5.2a-b gives the details.

Bits Information Coding
0-3  Units of frames IEC 461
4-7  Binary group 1 LSB of panscan data for picture N
8-11  Tens of frames, etc. 1EC 461
12-15  Binary group 2 MSB of panscan data for picture N
1619  Units of seconds IEC 461
20-23  Binary group 3 LSB of panscan data for picture N+15
24-27  Tens of seconds, etc. IEC 461
28-31 Binary group 4 MSB of panscan data for picture N+15
32-35  Units of minutes IEC 461
36-39  Binary group 5 Aspect ratio and panscan flag
4043 Tens of minutes, etc. IEC 461
44-47  Binary group 6 Reserved, set to zero
48-51  Units of hours IEC 461
52-55 Binary group 7 Reserved, set to zero
56-59  Tens of hours, etc. IEC 461
60-63  Binary group 8 Reserved, set to zero

Table 5.2a Allocation of panscan data in the timecode word.
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Binary group 5

Bit Information Coding

D3 Unassigned X

D2 Panscan flag 1: panscan data

0: no panscan data

D1 Image aspect ratio for 1: aspect ratio of image N+15 is 16:9
picture N+15 0: aspect ratio of image N+15 is 4:3

DO Image aspect ratio for 1: aspect ratio of image N is 16:9
current picture, N 0: aspect ratio of image N is 4:3

Table 5.2b Aspect ratio stored in binary group 5.

Position Shift Code MS LS
Rec. 601 sample nibble nibble
intervals
Far left —43 —43 D 5
Central 0 0 0 0
Far right +44 +44 2 C

Table 5.3 Examples of panscan data stored as hexadecimal codes.

Data about frame Binary group

MS nibble LS nibble

N 2 il
N+15 4 3

Table 5.4 Allocation of panscan data in the binary groups.

Data are sent in eight-bit (byte) groups, by pairing binary groups. For
each picture the data indicate the shift away from the centre of the picture
in increments of ITU-R Rec. 601 colour-difference samples (approx. 148
ns) in 2’s complement form (see Chapter 2). Accordingly, there are 43
increments left, one central position, and another 42 increments right, that
define the shift in the scan. The value is coded as two hexadecimal
numbers as Table 5.3 illustrates. In each binary group pair the LS nibble is
carried in the lower number group, and the MS nibble in the higher
number group as Table 5.4 illustrates.

CHAPTER 6
Timecode and MIDI

Introduction

MIDI (an acronym for Musical Instrument Digital Interface) is a digital
control system developed to enable synthesizers, keyboards, sequencers,
home computers, drum machines etc., to be interconnected via a standard
interface. This standard specifies both the type of connector and data
signal protocol and level. At its most basic level MIDI is a means of setting
one instrument as slave to another. At its most sophisticated it can be used
to create, store and replay complex musical compositions, and can be
used to control ancillary equipment such as mixers and effects units. All
communication in MIDI is carried in multi-byte serial ‘messages’. The
system is asynchronous, the data only being transmitted as required.
Binary 0 is represented by a current flowing in the link, and binary 1 by
no current flow. Each byte is preceded by a start bit and followed by an
end bit. The data rate is 31.25 kBaud, + 1%. This gives a duration of 320 ps
for each 10-bit message. In the discussion that follows, the presence of
these start and end bits will be assumed, and attention will be concen-
trated on the message bits. For most message types, the first byte of each
message is a status byte, called the ‘header’, indicating the nature of the
following data. As Figure 6.1 shows, these messages are of two broad
types: channel and system.

Channel messages

Channel messages are intended for individual items of equipment, which
are each identified by a number (the channel number) in the range 0-15.
This number requires 4 bits (a nibble) of digital data. Each channel
message consists of a header byte, followed by either one or two data
bytes. The channe] message header byte always commences with a logic
1, followed by a 3-digit message code, and a 4-digit channel number
(Figure 6.2). Hence Channel Message Header 1101 10 1 means:
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Always 1 for header bytes

Message Channel
code number
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Figure 6.1 MIDI header bytes can identify (a) Channel Message Codes or
(b) System Message Codes.
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Figure 6.2 A Channel Message Code comprises a header byte followed by one
or more message bytes.
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System messages

As Figure 6.1 showed, the system message header byte always starts with
a 4-bit system message code, followed by a message type code. Note that
the system message header has the first 4 bits set to logic 1. The four least
significant bits carry system messages. There are 16 messages (0-15)
available, but not all are implemented. Of interest regarding timecode are:

1000 Clock signal

1010 Start

1011 Continue

1100 Stop

Code 0001 implements MIDI timecode, MTC.

The clock signal is used to keep, for example, sequencers accurately
synchronized. The clock pulses are transmitted at a rate of 24 per crotchet
(quarter note). They do not start and stop instruments, and they contain
no time-specific information: they are the digital equivalent of a metro-
nome. ‘Start’ messages will cause a sequencer to start its sequence from
the beginning, regardless of where it stopped. The ‘continue’ message
causes a sequencer to start up from where it left off, and the ‘stop’
message stops it. A device can be instructed to go to a position by means
of a “song position pointer’, which is calculated by counting the semi-
quaver (sixteenth note) tempo intervals from the start of a particular
sequence.

MIDI synchronizers

Synchronizers used with MIDI systems convert the clock signals into a
form suitable for storage on magnetic tape or floppy disc, and reconvert
back into MIDI form for replay. Simple synchronizers usually just record
start, stop and clock signals. They do not generate time information as
such, so there is no way of asking a machine to go to a particular time
address, though the song position pointer can be used to point to a partic-
ular event, such as the start of a song.

More complex synchronizers will allow a degree of synchronization
with IEC timecode pre-striped on tape, but they will only read timecode
and locate it; they will not generate it. When the tape is replayed,
timecode is converted to a MIDI message, usually by a microprocessor
within the synchronizer — sometimes via a dedicated port rather than the
MIDI interface which simplifies matters. The marriage of timecode with
MIDT has been difficult because MIDI clocks and SPPs are tempo based,
whereas timecode provides absolute time information. If the tempo of a
piece of music is altered after being correlated with timecode, there is
obviously going to be a discrepancy.

Some synchronizers will generate a timecode, but this is usually specific
to the particular system, and although the manufacturer will probably
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provide ‘backwards compatibility’, there may well be difficulties in
interfacing equipment from different manufacturers. Microcomputers
equipped with suitable programs and databases are available to convert
between timecode and MIDI clock, and to control peripheral devices such
as synchronizers. It is now possible to accommodate changes in tempo by
updating the database. Synchronizers are available to interface MIDI-
controlled machines with traditional timecode-controlled ones. With the
aid of the microcomputer, lists can be compiled to manage events and
commands, and the data held in these lists fed to individual MIDI
peripherals, to be acted on when the time arrives.

MIDI and IEC timecode

MIDI and IEC timecode frequently have to interface in post-production,
not just for the marriage of music to pictures, but also for the generation
of synthesized effects. To facilitate this, a system of accommodating real
time within the MIDI message structure has evolved. It is called "MIDI
timecode’ (MTC), and will be generated either by a synchronizer or by the
systems-controlling sequencer. Operational aspects of MTC will be
covered at the end of this chapter.

There are two forms of MTC messages, quarter-frame (IEC timecode
frame) and full-frame. Each is identified by a header byte. The quarter-
frame message is preceded by a System Common Header (&F1), the full
frame message is preceded by a System Exclusive Header (&F0). Quarter-
frame messages are sent regularly and carry real-time data. Full-frame
messages also carry time data, but this is used to set up a device. A full-
frame message may be used to send a machine to a particular location, or
it may prepare a machine to act at a particular real-time point.

Quarter-frame messages

The time information in a quarter-frame message is held in a sequence of
8 data bytes, each preceded by a system header byte carrying the system
common message code 11110001 (&F1). Four bytes of time data are carried
per MIDI frame (hence the term ‘quarter-frame’). The code carries time
information compatible with that carried by IEC timecode. At 25 MIDI fps
the quarter-frame MTC signal will give resolution down to 10 ms, but will
take 80 ms to transmit, as the 8 bytes require two frames. This means that
only one timecode word in two can be sent. In 24, 30 and 30 drop-frame
formats MTC reads only even-numbered frames. In the 25- frame format
MTC reads odd-numbered frames for one second and even- numbered
frames the next.

The most significant nibble of each quarter-frame data byte has its MSB
set to logic 0, the remaining three bits indicating which element of time is
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being updated. Figure 6.3a illustrates. The time units referred to in the
most significant nibble are placed in the last 4 bits of the byte, with the
LSB in bit 0 (the last bit). The nibbles are combined in pairs to form a data
byte. The values of the time addresses are not coded single denary digits,
as is the case with IEC timecode, so the denary value 57 has the digital
code 0011 1001, the first 4 bits being carried by the most significant nibble
of the pair, the last 4 by the least significant. With the exception of the
‘hours’ byte, all unused leading bits are set to zero. The hours byte always
has its MSB (bit 7) set to 0, and bits 5 and 6 carry a code indicating the
timecode frame rate. Figure 6.3b illustrates. Table 6.1 gives the time data
ident codes; Table 6.2 gives the frame rate codes.

Always zero
Seconds
System message IEC timecode I.s. nibble

DEDNODON DoNDROan

Always zero

Seconds
System message IEC timecode m.s. nibble
r g ) l r YMSB
l 1 1 1 [ 1 | 0 0 0 1 0 0 1 1 0 I 0 I 1 1—|
(a) 32 16
Always
zera
System message code Hours [.s. nibble
r N oy 0 \ LS8
LT lilofedofrRofeo ool fo]
Always B 4 @ !
zero Zero
System message code Hours m.s. nibble 25 fps
r v b \ l ——\MSB
L1 [1 1 J 1 0 o]o0|1 0 1 1 1 0|0 1 1
16

(b}

Figure 6.3 Frames, Seconds and Minutes are carried in six of the system message
bytes, each preceded by a header byte. The most significant nibble of each
message byte identifies the detail of the data (a). Hours information is carried in
two message bytes, each preceded by a header byte. The most significant nibble
carries details of the frame rate (b).
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Binary Time data carried

code

000 Frames count 1.s. nibble
001 Frames count m.s. nibble
010 Seconds count l.s. nibble
011 Seconds count m.s. nibble
100 Minutes count l.s. nibble
101 Minutes count m.s. nibble
110 Hours count l.s. nibble
111 Hours count m.s. nibble

Table 6.1 MTC quarter-frame time
identification codes.

Binary Frames per second
code

00 24

01 25

10 30 (drop frame)

1 30

Table 6.2 MTC codes for IEC timecode
frame rates.

Quarter-frame codes sent at 25 fps require a data rate of 1§00 bits/
second within a total MIDI data rate of 31 250 bits/second. This means
that MTC will occupy just 5% of the available data space.

Full-frame messages

There are three types of full-frame message. One carries real-time data,
another the binary user group data associated with IEC code, and thg last
carries set-up messages for peripheral devices. They are sent as required,
and take precedence over all other messages, even to the extent of
breaking into a message stream. ‘Header” and ‘end’ bytes ensure that they
can be recognized among the other data. Full-frame MTC messages are
carried in consecutive bytes, following a single header byte. The header
byte is the system exclusive message code 11110000 (&F0). An e_nc.i system
exclusive message byte terminates the full time message. A minimum of
8 bytes is required to carry the data, making a minimum of IQ data by.tef’s
for the complete message. Full time messages can carry mach1r}e-spec1f1c
instructions as well as time data. By their use, machines can be instructed
to go to specific time locations and either park or play. If parked,. the
machine will wait until the corresponding quarter-frame message arrives,
then action the instruction.
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Real-time message

This carries time information to frame resolution and the frame rate. It
does not carry the user bits. Ten bytes are required to carry the whole
message. Eight bytes carry time data, preceded and terminated by ‘start
and ‘end’ bytes. The full message has the syntax: &F0 &7F <CH> <ID1>
<ID2> <HH> <MM> <8S> <FF> &7F. (Information in triangular brackets is
variable). The details are covered in Table 6.3.

Message Binary Legend Information

byte value

1 11110000 &F0 System exclusive header (start of
message)

2 01111111 &7F Start of universal real-time message

3 CH MIDI channel indicator. &7F indicates
that the message is intended for the
whole system

4 00000001 ID1 Sub-identifier 1. MTC identification
byte (&01)

5 00000001 D2 Sub-identifier 2. Full MTC message
identification byte (&01)

6 OXXHHHHH HH Hours and frame rate encoding. XX =
the frame rate as in Table 6.2.
HHHHH = binary encoded hours
(0-23). The unused bit is set to zero

7 0OMMMMMM MM 6-bit binary encoded minutes (0-59).
Unused bits are set to zero

8 00555555 SS 6-bit binary encoded seconds (0-59).
Unused bits are set to zero

9 000FFFFF FF 5-bit binary encoded frames (0-29).
Unused bits are set to zero

10 11110111 &F7 End system exclusive message

Table 6.3 Details of real-time message bytes.

Binary group message

This carries the 32 bits of the IEC user groups. Fifteen bytes are required,
thirteen of which carry the message. The syntax is: &F0 &7F <CH> <ID1>
<ID2> <ID2> <UB1> <UB2> <UB3> <UB4> <UB5> <UB6> <UB7> <UB8> <UB9>
&F7. Table 6.4 gives the details.

Byte 14, the identification byte, has the form 0000 00YY. The bits
designated YY are the binary group flag bits. They perform the same
functions as their counterparts in the EBU/SMPTE code. The assembly of
the bits into ISO 646 or 2022 characters is:

aaaabbbb cccedddd eeeeffff gggeghhhh

User bit data is not sent on a regular basis. It is sent on request, usually
from a peripheral device requiring the data in order to execute a
command.
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Message Binary Legend Information

byte value

1 11110000 &F0  System exclusive header (start of
message)

2 01111111 &7F  Start of universal real-time message

3 CH  MIDI channel indicator. &7F indicates
that the message is intended for the
whole system

4 00000001 ID1  Sub-identifier 1. MTC identification
byte (&01)

) 00000010 ID2  Sub-identifier 2. User bit message
identification (&02)

6 0000aaaa UB1 Binary group 1 data

7 0000bbbb UB2 Binary group 2 data

8 0000cccc UB3  Binary group 3 data

9 0000dddd UB4 Binary group 4 data

10 0000eeee UB5  Binary group 5 data

11 0000f£ff UB6  Binary group 6 data

12 0000gggg UB7  Binary group 7 data

13 0000hhhh UB8  Binary group 8 data

14 000000yy UB9  Binary group 9 data. yy are the binary
group flag bits

15 11110111 &F7  End system exclusive message

Table 6.4 Details of the binary group message bytes.

Set-up message

A set-up message makes it possible for a controlling microcomputer to
handle individual devices. The message indicates (among other things)
the device the message is intended for, what the machine must do, and
when it must do it. One hundred and twenty-eight different messages are
possible (remember, the leading bit of a message byte is always zero), but
at the time of writing only nineteen messages have been defined. The
basic ‘set-up’ message comprises a minimum of 13 consecutive bytes, but
there is a provision to incorporate additional information, which may
include MIDI channel messages. The syntax is: &F0 &7E <CH> <ID1> <ID2~
<ID2> <HH> <MM> <S> <FF> <ff EL> <EM> <Al> &F7. Table 6.5 gives the
details. Note that Byte 10 carries fractional frame information to a resolu-
tion of 1/100 frame. Not all machines are capable of this degree of resolu-
tion.

The additional information bytes carry MIDI channel messages, split
into nibbles, with the least significant nibble being sent first. The leading
bits in each Al byte are set to zero. The following example illustrates the
process. Suppose we wish to incorporate a ‘pitch bend” message to
channel 7, with a (change) value of 157. The channel message header byte
will be:
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Message  Binary Information
byte value
1 11110000 &F0  System exclusive header (start of
message)
2 01111110 &7E  Start of non-real-time message
3 CH MIDI channel number. Devices will
only respond to this message if their
channel number matches
4 00000100 &04  Sub-identifier 1. MTC event message
indicator
5 D2 Sub-identifier 2. Set-up message
indicator. See Table 6.6 for details
6 HR Hours and frame rate code. The form
of this byte is 0 rr hhhhh. rr is the
frame rate (see Table 6.2 for details)
hhhhh is hours code (0-23).
% MM  Minutes code (0-59)
8 SS Seconds code (0-59)
9 FF Frames code (0-29)
10 ff Fraction (hundredths) of frame (0-99)
11 EL Event number (least significant bits)
12 EM  Event number (most significant bits)
Bytes as needed Al Additional information
13 11110111 &F7  End system exclusive message
Table 6.5 Details of the set-up message bytes.
11100111 = &E7 (1st byte)
Code for pitch bend Channel 7
Denary 157 has the binary code: 10011101
Leading zeros are added to make a 14-bit number:
00000010011101
This binary number is split into two 7-bit parts:
0000001 = &1D (most significant part) (2nd byte)
0011101 = &01 (least significant part) (3rd byte)

The channel message will have the form &E7 &1D &01. It will be set in six

consecutive additional information bytes with the least significant nibble

of each byte being sent first, each Al byte having the first nibble set to zero:
&07 &OE &0D &01 &01 &00

The ‘set up indicator’ byte (ID2) can be used to carry 19 possible global
messages to peripheral devices. Fourteen of these messages are carried
within the byte itself. Table 6.6 gives the functions of the individual ID2
values. The functions are detailed below.

Punch-in (&01) and Punch-out (&02): programmed start and stop of
recording. The event number bytes (EL and EM) are used to indicate the
track number.
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D2 Indication

Value

&01 Punch-in point

&02 Punch-out point

&03 Delete Punch-in point

&04 Delete Punch-out point

&05 Event Start point

&06 Event Stop point

&07 Event Start point with Additional Information
&08 Event Stop point with Additional Information
&09 Delete Event Start

&O0A Delete Event Stop

&0B Cue point

&0C Cue point with Additional Information

&0D Delete cue point

&OE Event name in Additional Information

Table 6.6 Full-frame message ID2 byte details.

Delete Punch-in (&03) and Delete Punch-out (&04) erase the punch-in and
-out points from the cue list on the peripheral. The time and event number
indicated within this message must have the same values as the punch-in
and -out.

Event Start (&05) and Event Stop (&06) trigger and stop the execution of
an event. The event number indicates the event to be played on the
peripheral (e.g. CD track, sequence number of sequencer, lighting cue
etc.).

Event Start with Additional Information (&07) and Event Stop with
Additional Information (&08) perform the same functions as &05 and
&06, and also indicate that additional information is being carried. This
additional information takes the form of channel messages. The scope of
this additional information will depend on the peripheral involved.

Delete Event Start (&09) and Delete Event Stop (&0A): delete the start and
stop points from the event list. The time and event number indicated
within this message must have the same values as the event start and
stop.

Cue Point (&0B) is a registration mark. It can trigger events without the
need to specify an ‘out’ point, and enables the positioning of edit
registers.

Cue Point with Additional Information (&0C) is identical to message &0B,
except that the presence of additional information (held in the relevant
bytes) is indicated.

Delete Cue Point (0D) erases the cue point, with or without additional
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information. The time and event numbers must have the same values as
those held in the cue point.

Event Name Al (&0E) indicates that an event name or remarks have been
inserted (manually) in the Additional Information byte/s.

A further five special (directed) messages which do not require the
primary function of the event number bytes (EL and EM) may be carried
in these bytes by putting the indicator byte to &00. Table 6.7 gives the
detail of these directed functions.

There is a fundamental difference between MTC & MIDI clock
synchronizers. MIDI clock pulses do not carry time information. Separate
Start, Stop and Continue messages, in combination with Pointers are used
to control sequences. With MTC, the messages carry the complete time
information, and slave devices lock to and follow the timecode.

D2 Event Information carried
bits bits
&00 &00 Timecode offset. The time value of the peripheral

receiving this message is shifted relative to the master
MTC value, according to the offset introduced
manually.

&00 &01 Event enable list. Allows the peripheral receiving the
message to execute messages received from the
controlling computer upon arrival of corresponding
MTC value.

&00 &02 Disable event list. Prevents the peripheral from
executing set-up messages received from the
controlling computer. Useful for disabling a peripheral
temporarily without having to alter the program.

&00 &03 Clear event list. Erases all set-up messages received by
peripheral devices from the controlling computer.
&00 &04 System stop. Immediately stops peripherals from

executing orders.

Table 6.7 Full-frame message ID2 byte directed code details

Synchronization between 1EC, MTC and MIDI clocks

When a MIDI system is being used in film or video it must process and
act on real-time messages, as opposed to those related to tempo. Two
approaches are possible: use a synchronizer to convert time addresses to
MIDI clock or MTC messages which can then be used by the controlling
sequencer; or use a synchronizer with an integral timecode-to-MTC
converter. Which one to use will depend on the complexity of the system
and the ability of the individual devices to act on the various message
types. Figure 6.4 illustrates various possibilities.
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Figure 6.4 Possible TC/MIDI combinations. At (a) timecode off tape is converted
to MIDI clock messages and song position pointers. The synchronizer could
output MTC (b), letting the sequencer generate MIDI clock and SPPs. The TC
reader and sequencer can be combined into a single unit, outputting MIDI and
MTC. The integral reader/sequencer could interface with a cue list management
programme on computer {(d), which will control MTC-capable devices.

CHAPTER 7

Working with timecode

As this edition went to press, the EBU/SMPTE Task Force for
Harmonized Standards for the Exchange of Programme Material as
Bitstreams issued its final report. It identified the following requirements
regarding timing and synchronization:

1 The reference signal for both digital and analogue signals will be
analogue colour black. SMPTE RP154 has been enhanced and is being
re-issued as a standard. It will include the option of including VITC,
and (for 59.94 and 60 Hz related systems) a sequence of ten field identi-
fication pulses to assist with the locking of 24 Hz related signals and the
five-frame sequence implicit in the relationship with 48k Hz.

2 Absolute Time Reference for studios should be, where possible, the
Global Positioning System (GPS) or equivalent (GLOSNAR), with
redundancy receivers. Timecode standard should be the revised
SMPTE12M (still under revision at this time).

3 For situations where GPS reception is not possible (some locations or
moving vehicles) because of poor reception, an alternative time
reference will be required.

4 For fixed locations GPS should be implemented as the time reference.

LTC characteristics

The European Broadcasting Union recommends that timecode genera-
tors/regenerators that are built into a recorder or a system should have an
output level capable of being varied between 0.5-4.5 V peak-to-peak, and
that they should have an output impedance of less than 30 Q. This is to
permit compatibility with the usual operational practices within audio
installations. The details of timecode tracks and levels for the various
magnetic tape formats have been covered in Chapter 4.

Companding systems (e.g. noise reduction) should not be used when
recording LTC on an audio track. This is to reduce the possibility of
cumulative distortion of the waveform. It is also for this reason that the
EBU recommends that the response of an audio system to pulses as well
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as to steady-state tones or pink noise should be specified, together with
the traditional parameters. The pulse edges will be maintained as long as
the electronics handling timecodes have a bandwidth wide enough to
read at least the 3rd harmonic of the fundamental frequency of the pulse
train (around 2 kHz), and are phase-corrected to correct the distortion
brought about by the differentiation effect on replay.

LTC crosstalk

The LTC signal is composed of pulses having finite rise and fall times,
with a ‘sin? shape to the transition. This shaping ensures that the
harmonic content of the wave is kept low. Consequently, crosstalk should
be a problem only if poor operational practices are employed. However,
the fundamental frequency of the pulse train is one to which the human
ear is very sensitive.

A blank track should always be left between timecode and the nearest
audio track on multi-track machines. On Y4in twin-track tape machines
employing centre-track timecode, the audio tracks should be the NAB
option, as discussed in Chapter 4. This allows a suitable guard band
between timecode and audio to minimize the possibility of crosstalk.

Many operators have reported hearing apparent LTC breakthrough
when off-tape monitoring during recording, particularly on location
analogue recorders. Later replay has shown no evidence of timecode
breakthrough, so what has happened? The apparent breakthrough has
been due partly to electromagnetic coupling within the wiring looms
connecting the record and play amplifiers to their respective tapeheads,
and partly to the lack of a Dolby decoder in the off-tape monitor path of
a location VCR.

Despite wave-shaping, the LTC signal does contain a significant
proportion of energy in its harmonics. To drive sufficient current through
the inductance that forms the record head, a proportionally greater
voltage than for a non-inductive load is required. The comparatively low
inductance of the wiring loom, and the high amplification factor of the
replay amplifier, give a level of timecode that can be heard when off-tape
monitoring during recording. Figure 7.1 illustrates the process.

Much has been said about breakthrough of timecode onto audio tracks.
The reverse can apply, with low-frequency audio signals affecting the
timecode track on multi-track machines. To prevent this, if a guard track
cannot be left, do not record audio containing a significant proportion of
low-frequency energy next to the LTC track.

Regeneration of timecode

Whenever a tape is copied together with its longitudinal timecode, it is
imperative that the timecode be regenerated. There are a number of
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Figure 7.1 Crosstalk is most likely to occur in the wiring loom of a machine. It
will be amplified by the replay amplifier, which has a high gain.

reasons for this. Firstly, there is the differentiation effect on LTC replay.
This distortion will be aggravated with each successive generation. Fig.
7.2 illustrates the point. The IEC specifications for the waveform shape of
both LTC and VITC are given in Appendix 2.

Tape machines suffer from an effect known as “scrape flutter’ or “timing
jitter’. This takes the form of small but rapid variations in tape speed
superimposed on the nominal play speed. It is caused by the friction of
the tape-to-head contact combining with the slight elasticity of the tape to
bring about a stick-slip effect similar in many respects to that of a violin
bow scraping over a string. This effect is more pronounced if the tape-to-
head pressure is increased as a result of increased tape tension or
misalignments in the tape path, and as the longitudinal tape speed drops.
This jitter may be small, but becomes worse with succeeding generations.

When replaying material off VTC or VCR machines, variations in tape
speed which may be of little or no consequence for audio result in highly
unstable video. These variations are corrected by a ‘timebase corrector’
(TBC). The TBC will also maintain the special timing relationship between
the colour sub-carrier and both line and field synchronizing pulses
(touched on in Chapter 1 and to be dealt with in detail later). The timing
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Figure 7.2 Phase distortion of code becomes worse with each successive genera-
tion unless equalized or regenerated.

jitter on LTC recorded on the third audio track of a C-format VIR or one
of the longitudinal tracks of a Hi-Band U-Matic will not be corrected
unless dedicated electronics are provided. Component analogue
machines provide regeneration as a matter of course.

Signal levels coming off analogue tape machines can vary, particularly
if the tape concerned has undergone a high number of passes of the head
block. (Try recording a steady-state tone and replaying it after a few
passes of the head; there will be observable variations in level on a meter.)
In addition there is always the possibility of dropout on the tape causing
momentary but severe level reductions on code which may cause it to be
misread. Tape hiss also becomes worse with successive generations, and
this can eventually cause code to be misread.

For the above reasons, raw longitudinal timecode coming off tape
should be fed to a regenerator before being passed on to another machine
during dubbing. A regenerator may provide the following facilities:
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1 Reshaping: restoring the LTC signal to its proper form. This is usually
done by evaluating the zero crossing points of the replayed waveform,
and using these points to generate a steep-sided waveform. This
waveform is then passed through a filter to restore the sin® shape of the
transitions.

2 Reclocking: extracting the original clock frequency from the LTC
waveform and, using the incoming zero/one pulse train as data,
forming a completely new pulse train. Timing jitter is eliminated, but
longer-term variations in the incoming data rate (perhaps due to
variations in play speed of the tape) can be followed, usually over set
limits — say + 6%. Figure 7.3 illustrates.

3 Retiming: When the lock range of the timecode unit is exceeded,
retiming takes place. This involves full decoding of the incoming serial
LTC data, followed by re-encoding.

Because the regenerator has to examine each complete timecode word
for validity prior to re-encoding, a process that will also require a finite
time, there will be a one-frame delay (1 LTC word) between timecode into
the regenerator and timecode out. This delay must be compensated for
within the regenerator for the time information bits in the timecode word
if the correct colour framing relationship is to be maintained, as it will
have to be if frame-accurate editing is to be performed from these bits. If
time information is also being carried in the user bits within the word, it
is important that the “plus one frame’ process is applied to these bits as
well. A good regenerator will have this option. If it is switched on, and
non-time data are being carried in the user bits, the regenerator may well
increase the last digit by 1. The ‘add one frame’ process on the user bits
may be enabled /disabled deep in the menus or on internal DIP switches.

0 1 1 0 Q 1 0 1 1 0

Figure 7.3 Reclocking will even out jitter over a long time period, usually several
seconds, and can accommodate small variations in the data rate.
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Adjusting for the decoding delay

When a timecode reader/regenerator performs a complete retiming
operation, the sequence (illustrated in Fig. 7.4) is as follows.

The incoming LTC signal is first decoded into blocks of serial data
representing the Os and 1s of the timecode word. The synchronizing word
is also examined to determine whether the code is running up or down in

Ref
syncs

Timecode Biphase mark
—_—
n decoder
Store

1L

Examine data
for validility

I}

Microprocessor
- check direction
and speed

Control

Microprocessor e
p- alter timecode
as necessary -

il

Biphase mark Timecode
'
encoder out

Validility
flag

=

Figure 7.4 Complete regeneration involves checking code validity and direction,
together with reprocessing and generation of missing bits. A completely retimed,
reclocked and reshaped signal is fed out. The whole process can be under the
control of an external reference signal to ensure correct colour framing.

Working with timecode 153

time. Depending on the result of this examination, the data will be
modified to compensate for the decoding delay. Under the control of a
clock (perhaps driven from external sync pulses) this data train is then fed
either to another register or to a microprocessor, from where it is read out
to another biphase mark encoder. The LTC reader/regenerator
performing a full retiming operation will continue to clock out timecode
at standard rate, within small limits, no matter what the speed of the tape
supplying the timecode data, as long as the code can be read (one
manufacturer quotes a reader/ regenerator as reading over a range of one-
fiftieth of standard speed to eighty-times standard speed), though this
will depend on the ability of the machine to replay the signal at these
speeds. Obviously, if the data rate deviates too far from standard, then
words will either be lost (play speed too high) or repeated (speed too
low).

Machine-to-machine operation

If timecode is to be transferred to another video recorder, or a digital
audio recorder, both machines must be locked to common syncs, though
these could come from the replay machine, via a TBC. If a VCR is
providing guide video for sound post-production, the synchronizer(s)
driving the audio machine(s) must be fed with the same syncs as the VCR.
Any ‘stand-alone’ timecode regenerator should also be fed with these
syncs, because the reprocessed timecode must be generated at the correct
rate. For example, a VCR can be locked to a time address supplied from a
sound station. As soon as the VCR has locked up, both it and the sound
station will lock to reference syncs via the master synchronizer.

Regeneration of damaged code

A regenerator can be used to repair damaged timecode if it is run in a jam-
sync mode. As long as it receives some usable code, and is run at exactly
the same rate as the off-tape data, it will regenerate the missing addresses.
Even if real-time code is being regenerated, as long as good code is
present at the start of each take, and sufficient pre-roll time is allowed, the
regenerator will recognize good code and regenerate it. Do remember
(and this cannot be too highly stressed) that whenever you are regener-
ating timecode, the regenerator and player must be fed with common
syncs. Do not assume that the player is locked to station syncs — it may not
be, especially within an edit suite.

Momentary and continuous jam-sync

When regenerating damaged code the regenerator should be able to
operate in both momentary and continuous (auto) jam-sync modes. In
momentary jam-sync the regenerator will examine the incoming timecode
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for a few frames, then regenerate identical time data, locked to syncs.
Should the incoming code fail, the regenerator will continue generating
contiguous time addresses which will increment up at frame rate. Should
the incoming code have any subsequent discontinuity in the time
addresses, this will be ignored in momentary jam-sync mode, the regener-
ator carrying on from the last contiguous time address.

In continuous (auto) jam-sync mode, a regenerator will again examine
the incoming code and regenerate identical time addresses. It will also
continue contiguous time addresses if incoming code fails. If, however,
there is a discontinuity in the time addresses the regenerator will re-jam
to the incoming code. Figure 7.5 illustrates the differences between the
two modes.

Incoming
Discontinuous
Code
00:23:14:16
00:23:14:17

Momentary 00:23:14:18 Auto
Jam sync 00:23:14:19 Jam sync
------------- - 00:23:14:20 o
00:23:14:21 00:23:14:21 00:23:14:21
00:23:14:22 00:23:14:22 00:23:14:22
00:23:14:23 00:23:14:23 00:23:14:23
00:23:14:24 00:23:14:24 00:23:14:24
00:23:15:00 00:23:15:00 00:23:15:00
00:23:15:01 00:23:15:01 00:23:15:01
00:23:15:02 00:23:15:02 00:23:15:02
00:23:15:03 00:23:15:03 00:23:15:03
00:23:15:04 it 00:23:15:04
00:23:15:05 R 00:23:15:05
00:23:15:06 prmmaanass 00:23:15:06
00:23:15:07 00:37:42:23 00:23:15:07
00:23:15:08 00:37:42:24 00:37:42:24
00:23:15:09 00:37:43:00 00:37:43:00
00:23:15:10 00:37:43:01 00:37:43:01
00:23:15:11 00:37:43:02 00:37:43:02

Figure 7.5 Momentary jam-sync will ensure that regenerated time addresses
increment up from the last valid address received. Any following valid
addresses will be ignored until the jam-sync operation is repeated. Auto sync
will increment time addresses up from the last valid address received, but will
re-jam when new valid code is received.

Using VITC

Most UK companies incorporate VITC on lines 19 and 21. It is as well not
to put it too early in the field interval as when 1 in VTR machines are
playing at other than standard speed, perhaps using a Dynamic tracking
(DT) or Auto sense tracking (AST) head for track following during post-
production, the new relationship between video head and recorded tracks
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will result in more than the usual 12 lines (10 lines in NTSC) being lost.
The timebase corrector will replace these lost lines, but it cannot replace
timecode that has not been scanned by the video head. Of course if the C-
format sync head option is employed the 18.75 lines (15.75 in NTSC)
recorded by this head will supply the missing data.

At the time of writing no particular lines are specified for VITC; it is
thus perfectly possible to end up with two different sets of VITC on
different line pairs, and also to over-record one line (or both) of a VITC
pair with fresh code. Should this happen, the reader will not be able to
cope with the ambiguity. It will need to be reprogrammed to read either
one or both lines of an unambiguous code. It is perfectly satisfactory to set
a VITC regenerator to read one VITC line and one non-VITC line, but in
this case it should be set to continuous (auto) jam-sync, and fed with
corresponding external syncs to protect the data in the event of dropout.
It is particularly important that internally regenerated code should be
recorded on the correct lines during any editing operation. The VITC lines
setting of the generator should also be checked, particularly if the
intention is to put a second set of time addresses on tape. Some VITC
generators have the options of generating a single line of VITC or a block
of lines.

Timecode corruption

The causes of timecode corruption have been mentioned briefly earlier
(pp. 23-7). They are different for LTC and VITC, so will be examined
separately, with possible remedies suggested.

LTC data corruption can be due to a variety of defects on replay;
dropout has already been mentioned. VCR machines run at extremely
low longitudinal tape speeds. If timecode is recorded onto an unmodified
audio track, with perhaps a relatively poor frequency response, even a
small amount of dirt or oxide on the replay head concerned can cause
problems. Regular cleaning of the longitudinal timecode heads will
prevent many such problems.

LTC can be corrupted on a location shoot by a hum-loop, especially if
an unbalanced line is being used to send the code from camera to
recorder. Make sure the generator and any associated equipment are fed
from the same mains outlet. To minimize the risk of data corruption from
mainsborne spikes, interference suppressors should be fitted. They are
expensive, but the expense will quickly be repaid in the reduction of
down time, and the minimizing of the risk of a system crash which could
result in total loss of data in disc-based post-production equipment. To
minimize the risk of induced mains hum appearing on LTC data, and
possible RF interferences, the signal should be distributed via screened,
balanced lines, ideally with screened transformers or opto-isolators at
either end of the circuit. Electronically-balanced inputs may not provide
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sufficient electrical isolation. Radio links are sometimes used for sending
timecode between camcorder and audio recorder, and these are suscept-
ible to fading. If the recorder has momentary (one-time), or, better, auto
jam-sync facility, use it. If using momentary jam-sync, make sure that
timecode is running (and incoming) before jamming to it. This might
seem obvious, but it is traditional in film to start the sound recorder
before running up the film camera (film stock is more expensive than
audiotape). If code is not running, either it will not be recorded at all, or
the wrong time addresses will be recorded. With film, there is the risk of
the camera running at the wrong speed if incoming timecode fails.

To minimize the possibility of loss of code on recording, the following
procedures should be adopted:

1 Use a balanced link for cable feeds of timecode.

2 If mains-powered equipment is being used, try to connect camera and
recorder to the same mains point, or use an isolating transformer to
feed ‘floating’ mains, with no earth reference, to the equipment.

3 Check all cables regularly. This will minimize the risk of connector
failure.

4 If using a radio link, consider using a ‘diversity’ system to minimize
the risk of fading.

5 If feeding timecode from a master to a number of slave units, fio not
loop through. If one connector fails, all downstream devices will lose
code. Use a distribution amplifier (Figure 7.6).

Slave Slave Slave Slave
i T ¥
Timecode 10 11 T 1 T
generator
1al
SPG DA
Ref Ref Ref Ref
in ‘rin Y n win
Timecode
generator Slave Slave Slave Slave
L T Cin ATCin AT/Cin AT/ Cin
DAZ
<
(b)

Figure 7.6 Recording timecode with no reference syncs, or using loops through
(a) is asking for trouble. Feed everything with reference syncs and distribute all
signals via DAs (b).
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6 If the recorder has no visual display of incoming code, try to check the
incoming level or use a separate display unit.

7 When using a field audio recorder, if possible use continuous or auto
jam-sync mode. The use of jam-sync on location will be discussed in
Chapter 8.

Dealing with LTC corruption

Timecode readers/ regenerators can cope with corrupted LTC in a number
of ways, and there are a number of associated techniques for replacing
corrupted code with fresh code. Selection of a particular technique will
depend on the exact circumstances but all techniques are based on one of
the following:

Momentary jam-sync restriping

If the recorded code on a videotape is badly corrupted it may be possible
to use a good section of code to start up a generator in momentary jam-
sync mode. The video format used must allow timecode to be laid down
independently of video and control track (perhaps a longitudinal audio
track can be used). The videotape recorder should be set to record just
LTC and put into play at the start of bars at the head of the tape.
The timecode generator, which must be locked to the off-tape, time-
base corrected video, will jam to the off-tape timecode as long as
just a couple of frames can be read. As soon as this happens put the
VTR into record mode only on the LTC track (Figure 7.7). The regenerated

Timecode

n
v Video
out
VTR -

Timecode
out

Timecode
ym Ref
in

Timecode
regenerator

Regenerated
Y timecode
out

Figure 7.7 Damaged code from a VTR can be regenerated and fed back for re-
recording. The process will be successful if the machine is switched into timecode
record only a few seconds before the associated programme material starts.
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code laid down on tape will consist of a contiguous series of time
addresses. If there are discontinuous sections of timecode on
tape the process will have to be repeated at the start of each timecode
block. This can only be successfully done if each recorded section has
sufficient run-in to accommodate the operation, which will involve the
jamming of the regenerator, and time for the operator to confirm the
regeneration and throw the timecode channel into record. As long
as the corruption was not due to faulty tape (unlikely if the video is still
usable) this will solve the problem. As an alternative to locking the
regenerator to the off-tape video, the VTR and the timecode regenerator
may both be locked to a common source of video sync pulses, perhaps
from a common SPG. A good quality timecode generator, even free-
running, will have a stability of better than 1 frame in 11 hours, but
without reference syncs the code cannot be guaranteed to be colour-
locked. If using an internal time generator the VCR should still be locked
to reference syncs.

Auto jam-sync restriping

If ‘time-of-day’ code was used at the time of recording, the regenerator
should be placed in the auto or continuous lock mode. As soon as it has
received valid code, it will generate a contiguous sequence of time
addresses. It will continue to generate contiguous time addresses in the
event of the incoming code being corrupted, and will update when a
discontinuous time address arrives.

Neither of the above remedies will work effectively for long stretches of
corrupted code from an analogue audiotape, as without good code to
control the speed of the tape via a synchronizer there is bound to be a
degree of slippage due to the friction nature of the drive, even if tacho
pulses are being used to control the speed of the transport.

Recording code onto an audio track of a VCR

If it is not possible to lay timecode track down independently of video
and control tracks, it may be possible to record regenerated code onto a
spare longitudinal audio track. The timecode output should be fed to !h_e
spare audio record input. The VCR should be set to record just on this
spare audio track, and put into play at the start of bars at the head of the
tape. As soon as the regenerator has jammed, the recorder can be put into
record and regenerated code will be recorded onto the spare track.
If it is not possible to regenerate the code, a separate timecode generator,
locked to the off-tape, timebase-corrected video, can either be
momentarily jammed to a good section of code, or if all else fails,
be set to approximately the same time as indicated in the tape’s log sheet.
In either case, code should be locked to video syncs. If a slate was put at
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the head of each take, the difference between the re-recorded code and the
original code (the offset) can be calculated for the purpose of post-produc-
tion.

If it is proposed to do colour-framed edits during post-production, the
timecode generator must be locked to video from the VTR in order that
the 8-field (4-field in NTSC) sequence is followed by the fresh code. This
also means that the generator must be reset at the start of each new
recorded sequence.

Dubbing with fresh code

If regeneration or restriping is not possible (perhaps because the LTC is
totally corrupted or missing, there is no VITC present, the format does not
permit independent recording of LTC, or both audio tracks have
programme material on them which cannot be lifted off), there are a
couple of options possible. The first of these is to dub the programme
material across to another tape, relaying timecode at the same time. The
video material should be copied via a timebase corrector fed from station
syncs or a sync pulse generator. Fresh timecode can be added from a
generator locked to the same source of syncs. If a proper log was kept at
the original recording stage it should be possible, if somewhat tedious, to
stripe the copy tape with close approximations of the original code. Of
course, this method will result in an additional generation of tape, though
perhaps the opportunity could be taken to ‘lay-off’ the audio together
with this fresh code, if it is intended to post-produce the audio anyway.

Control track editing

If the worst comes to the worst, and if nothing subtle is required in the
way of editing (no ‘invisibles’ etc.) then it may be possible to edit using
the control track pulses. There are distinct problems with this form of
editing. There will be slippage caused by the misreading of the pulses as
the machines stop and start, which will usually prevent frame-accurate
editing. This will be particularly so if the edit is previewed a number of
times before the edit is done. There will be no colour framing so there is
the possibility of picture disturbance over the edit point.

All the above assumes there is no usable VITC code on the tape. Matters
become much easier if VITC is present since any regenerator can be fed
with this form of the code, in which case the regenerated LTC will have
time addresses that correspond exactly to the VITC recorded on the video
tracks. This will permit the dubbing or restriping of identical longitudinal
timecode. It will also allow the audio tracks from a machine where the
separate recording of timecode is not possible to be dubbed onto a
separate audiotape recorder, together with LTC regenerated from the
original VITC, for post-production.
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VITC corruption

VITC is far less likely to be corrupted than LTC, being recorded as a part
of the video signal, where the FM method of recording reduces the effects
of partial dropout. It is also recorded twice per field, four times per frame,
so if one VITC word is corrupted the chances are the other three words
will be valid. If tape dropout is so bad that all VITC words in a frame are
affected then the programme video is likely to be unusable too. .

Note that since the VITC word is recorded as a part of the video it
cannot be restriped without dubbing the video at the same time.

Record-run and time-of-day codes

There are two modes in which timecode can be recorded. In the ‘record-
run’ mode the timecode generated represents the cumulative recorded
duration of the tape. The use of record-run mode has the advantage that
the time addresses recorded on tape are contiguous, that is they increment
up in sequence, with no gaps in the time addresses. In the record-run
mode many VCRs will backwind slightly when put in the pause mode
from record, with the tape being held against the head drum. When they
go back into ‘record’, the code (and the video) will pick up from where
they left off, maintaining continuous (i.e. no gaps in the 151gnals) and
contiguous (i.e. no gaps in the addresses) timecode. This option may well
be of benefit in situations such as newsgathering, where events may
preclude pre-roll time, since the editor can pre-roll from the preced:mg
scene. This contiguous sequence of numbers might also l?e of use during
post-production, as the editor knows that the difference in time bgtween
two timecode addresses on tape also represents the difference in tape
time. The disadvantage from the operator’s point of view is that holding
a recorder (including a camcorder) in this mode is costly in terms of
battery life, as the head drum continues to rotate.

Power supply back-up

‘Time-of-day’ (sometimes erroneously called ‘real-time’) code will run
from the moment it is set, and will continue to run no matter what mode
the recorder is in, as long as power is available. Most recorders cox?tain an
internal back-up power supply, either in the form of a large internal
capacitor (2 farad or so), or a NiCd battery on permanent trickle charge
from the d.c. supply; which will continue to run the timecode generator
for a short time while batteries are changed. Most recorders will continue
to run timecode even when they are switched off, as long as the batteries
are in circuit, until they are exhausted. One audio field recorder will run
timecode for up to three months when left switched off with a fresh set of
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batteries. However, a word of warning would not be amiss regarding the
ability of the internal backup battery to keep the timecode generators
running while main batteries are changed. The internal batteries will of
course go through the charge/discharge cycle each time the recorder is
turned off or has its main batteries removed, or if the batteries go flat, and
then is turned on again with fresh batteries. There is a limit to the number
of cycles a NiCd battery can undergo before its efficiency drops, and with
an elderly internal battery there is the possibility that the recorder may
not keep time of day code running with the power off for main battery
changing. In field recorders employing large capacitors to maintain the
timecode generator (the Nagra IV-S TC is one such), time is required to
charge up on first use, or after a prolonged power failure. This recharging
time may take a few tens of seconds. During this period the timecode
generator will not be available for setting. It is a good operational practice
to have fresh batteries ready before removing the old ones, as this will
minimize the drain on the backup system. If timecode is lost while
changing batteries in a recorder with an internal battery back-up, even if
the time taken for the change is short, it is likely that the back-up batteries
are life-expired. They are designed to have a long life — 5 years or so — but
they will eventually fail. Get them replaced in good time.

Setting the timecode

On some VCRs, including those in camcorders, it is possible to record two
sets of timecode. Record-run code can be set into the time-address bits of
the timecode word (both LTC and VITC), and time-of-day code can be set
into either the time-address bits of both LTC and VITC, or into the user
bits of the VITC code. It is thus possible to have both codes present. Figure
7.8 illustrates the facility as provided on the Sony DVW-700P. The REAL
TIME switch provides ON/OFF facility to record time of day code in the
user bits; the SET position allows the setting of the code in this mode. The
F-RUN/SET/R-RUN switch provides free (real-time) run or record-run
facility in the time-address bits of both LTC and VITC; the SET position
allows setting of both time address and user bits.

Multiple machine continuous jam-sync

If @ number of recorders are to run with time-of-day code there are two
options open: ‘slave lock’ (continuous jam-sync) or ‘one-time lock’
(momentary jam-sync). If slave lock is being employed then one machine
or timecode generator should be designated ‘master’, and LTC feeds
taken off this, via distribution amplifiers (DAs), to all other recorders. If
composite video is being recorded, all items of equipment, including any
master timecode generator, must be genlocked to the same pulse
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Figure 7.8 Sony DVW-700P

generator. This will either be a camera feeding the master record‘er, ora
stand-alone SPG. This requirement is necessary for two reasons. Firstly, if
the timecode generator and the recorders are not locked to a common
pulse train the timing of each may well drift with respect to the others, or
their individual timecode/video frame relationship will drift, causing
major problems if timecode is to be used in post-production. Secondly, the
8-field (4-field in NTSC) relationship between timecode and colour sub-
carrier can be established only if the code generator is fed with reference
video. In this respect, note that a feed of sync pulses alone (e.g. mixed
syncs) is not sufficient, as these contain no colour information. A feed of
‘Colour Black’ or ‘Black and Burst’ will be required at least, though a feed
of video from the master camera will also suffice. On no account should a
system be slaved to timecode supplied from an analogue audiotape
machine, as this will have no established relationship with the colour
framing sequence. Shooting to audio playback is possible, and is covered
in Chapter 8.
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Multiple machine momentary jam-sync

Itis, of course, perfectly possible to have the video and audio recorders run
time-of-day code independently of each other. The timecode generators on
the video recorders should be set from a master generator, remembering
first to connect the video genlock feed from the master to ensure correct
colour framing. An audio recorder can be fed momentarily with timecode
from one of the video recorders to lock its generator. If it is an R-DAT
machine it should also be genlocked to the video signal. Once this is done,
all recorders will then run timecode-locked to the video. An analogue audio
machine, though not synced, will generate timecode with a high degree of
accuracy, but should be re-jammed from time to time to minimize any drift.

Control tracks and tacho pulses

When neither LTC or VITC can be read, perhaps because the shuttle speed
is too high, audiotape machines will read ‘tacho’ pulses generated from a
transducer coupled to a rotating idler wheel within the tape path. These
pulses will be converted into an estimate of elapsed time. There is the
possibility of slippage due to the friction nature of the drive, particularly
during start/stop operations; and during the shuttle process the
microprocessor controlling the operation will probably slow the machine
down from time to time so that the timecode track can be examined. If the
timecode recorded was time-of-day code there will probably be gaps in
the number of sequence time addresses. The tacho pulses cannot take
account of these gaps, so when the machine slows down to examine the
code the microprocessor may see that it has overshot the time called for,
so will put the machine into reverse shuttle. Again it will slow down to
examine the code, and again will see that it has overshot. The process
repeats itself all over again until the operator calls a halt to it. The answer
to the problem is good logging of the recorded material so that the
operator can instruct the machine to shuttle to just before the gap in the
incremental sequence of addresses, and take it over the time-address
discontinuity by hand.

R-DAT recorders, as we saw in Chapter 3, can read timecode at the
highest shuttle speed. However, they shuttle so fast that some edit
controllers, unless programmed with the ballistics of the R-DAT machine,
cannot easily cue them up on a particular time address. This makes
locating a pre-roll time tedious. This can be avoided by the use of an
‘emulator’. This device will make the machine appear to have the charac-
teristics of a VCR. Video recorders, as we have seen, can be set to read
control track. They can be set to read this if neither LTC or VITC can be
read. The same arguments apply regarding gaps in the timecode address
sequence as with audio machines. The control track will contain colour
framing information.
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Digital audio synchronization

Digital audio signals are composed of discrete samples. The sampling
process is controlled by a highly accurate clock. Operations that require
digital audio signals to be mixed or connected between different
machines must be in synchronism. This is done by ensuring that the
machines’ internal clocks are locked together to bit accuracy. Locking is
often achieved in a large installation by means of a master clock generator.
The AES recognizes two standards for these clocks: Grade 1 clocks are
accurate to within 1 part per million (ppm), Grade 2 clocks are accurate to
within 10 ppm. Grade 1 clocks are for use in studio centres or when a high
degree of accuracy is required. Grade 2 clocks are suitable for single
studios. A digital audio recorder will usually have a number of sync input
options, as well as a highly stable internal clock. If it has to interface with
a video machine, it should be locked to video black and burst, either
directly if it will accept such an input, or via an external sync clock
genlocked to reference video. The video frame rate and audio sampling
rate must be correct, and in particular the sampling rate on replay must
match that on recording (avoid having the internal clock running at
44.056 kHz on replay if the recording was made at 44 kHz). Digital audio
machines rely on their internal clocks to control their transports. If the
clock is running at an incorrect rate, the audio machine will drift out of
sync with video in replay. Figure 7.9 illustrates some possible methods of
achieving lock between digital audio clocks and video syncs.

If a recording has been made with an unlocked digital recorder, the
situation may be recovered by replaying unlocked, and resyncing sound
with pictures as necessary. This, however, could be time-consuming (and
expensive), and might not be possible with a long continuous recording
(e.g. an opera) which cannot be resynced.

Figure 7.9 Possible ways of locking digital audio machines, VCRs and timecode
generators include (a) locking to a common reference, (b) locking audio clock to
video syncs, or (c) locking everything to common video syncs.

Telecine machines will generate ‘biphase’ pulses as a matter of course.
These are not timecode, but are the equivalent of control track pulses. As
this pulse train is directly linked to the rotation of the sprocket reels, there
is no slippage.
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CHAPTER 8

Timecode on location

As this edition went to press, the EBU/SMPTE Task Force for
Harmonized Standards for the Exchange of Programme Material as
Bitstreams issued its final report. It identified the following requirements
regarding timing and synchronization:

1 The reference signal for both digital and analogue signals will be
analogue colour black. SMPTE RP154 has been enhanced and is being
re-issued as a standard. It will include the option of including VITC,
and (for 59.94 and 60 Hz related systems) a sequence of ten field identi-
fication pulses to assist with the locking of 24Hz related signals and the
five-frame sequence implicit in the relationship with 48k Hz.

2 Absolute Time Reference for studios should be, where possible, the
Global Positioning System (GPS) or equivalent (GLOSNAR), with
redundancy receivers. Timecode standard should be the revised
SMPTE12M (still under revision at this time).

3 For situations where GPS reception is not possible (some locations or
moving vehicles) because of poor reception, an alternative time
reference will be required.

4 For fixed locations GPS should be implemented as the time reference.

Synchronization of video and audio machines

When shooting drama or similar material, sound is often recorded on a
separate audio recorder with or without sound back-up on the video
recorder. It will help the post-production process if both audio- and
videotapes have identical timecodes. It will also help the process if the
videotape contains at least a guide audio track. The audio recorder can be
fed timecode from the VCR, as this will have the correct colour framing
reference.

The audio machine’s internal timecode generator must be either slaved
to code coming from the VCR, in which case it will need to be set to
‘external’, or some form of ‘momentary jam-sync’ must be used. If the
audio recorder’s timecode generator is to slave-lock to that from the video
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recorder via a cable, precautions must be taken in the event of a
momentary loss of code. Most field audio recorders will have the option
of disregarding a few frames containing errors, substituting a regenerated
code that will increment up from the last time a valid time address was
received. They will revert to the incoming code as long as it becomes valid
again within the limits set. If it does not, the timecode generator in the
field audio recorder will run independently of any incoming code until
reset. If this happens it is important to rejam as soon as possible as the
time addresses will gradually drift apart. The audio recorder’s timecode
generator must not stop generating code at the first non-valid address
received. If the camcorder and separate audio recorder need total
independence of movement a radio link can be employed. In this case
precautions need to be taken against loss of the radio link. If continuous
slave lock is employed, some form of diversity radio link may be used.
Such a link employs two aerials spaced apart, feeding the receiver unit,
which selects the strongest signal received, usually with some form of
indication as to relative signal strengths, and thus minimizes the risk of
signal loss as the camera moves. This system is of little use if the audio
recorder has to move around as well, and is prodigal of available radio
channels. A better solution would be to employ some form of automatic
jam-sync. In this mode the timecode generator in the audio recorder will
lock to incoming code, when available, free-running to its internal
oscillator in the absence of signal. It will automatically revert to incoming
code when this becomes valid again. When running code in the ‘auto’
mode it is important that the sound recordist ensures that the audio
recorder’s timecode generator is re-jammed to timecode from the VCR at
the start of each fresh take. This is not just because the two free-running
codes (generated by the video recorder, and by the audio recorder respec-
tively) will have drifted; they are driven by highly accurate and stable
oscillators. It is because there is always the possibility that one of the
generators may have stopped generating code during power-down mode
(for example while changing batteries). There is also the possibility that
the video recorder may not send code to its output during the stop mode.
In Chapter 5, mention was made of the need to ensure that valid code is
being received before jamming to it. There are timecode monitors
available to provide readout of incoming code. Their use is recommended
if the field audio recorder has no integral timecode display.

Radio links

Since LTC is an audio signal it is possible to employ a radio-microphone
link to transmit it from one recorder to another. The level of code coming
from a generator is likely to be too high for use in its raw state. It will need
reducing in level by some 20-40 dB. Having done this the transmitter can
be adjusted in the usual way.
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Figure 8.1 Timecode need not occupy a separate radio channel. The link can be
switched and the field recorder put in the auto jam mode. Synchronization will
be maintained over several minutes.

There is no need for a dedicated timecode radio link. If the sound
recorder is equipped with the auto jam-sync facility then a simple switch
arrangement at either end of the radio link, coupled with a clear method
of operational practice, will permit the link to be switched between audio
and timecode (Figure 8.1). In essence, send code over the link prior to the
take, and use this code to jam the audio recorder’s timecode generator to
it. Confirm the audio generator has jammed, then switch the link back at
each end to audio and confirm audio is being received. Recording of the
take may now proceed. It is probably sensible not to put the audio
recorder into record mode until the radio link has been switched to send
audio, in order to avoid the post-production personnel receiving an
unwanted burst of timecode at the start of each take! A dual-channel
radio link can be used to send both timecode and guide audio from the
audio recorder to the camcorder, but to avoid interference the two
channels used should be spaced apart in frequency by 10% of the lower of
the two carrier frequencies (i.e., if the lower frequency is X, the higher
frequency should be at least X = 10%). The timecode will not be colour-
framed, but could be placed in the user bits of the video timecode, or
recorded on a spare audio track.

Portable links capable of transmitting video information are also
available. With one of these units taped to the camera, and a receiver at
the audio recorder, a locking source is available for the audio timecode
generator, though precautions should be taken in the event of loss of
signal. More importantly, timecode can be ‘burned in’ to the video for
display on a small monitor. This can be most helpful for the PA, who is
not usually in a position to read code from the camera, for logging
purposes. Figure 8.2 illustrates one possible arrangement, using a small
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Figure 8.2 A suitable radio link can provide a video feed for a timecode inserter.
This burnt-in code can be displayed on a small picture monitor.

inserter. The operator contemplating the use of such a link should check
its legality in the country concerned.

Logging for non-linear editing

Perhaps the one drawback to non-linear editing is the time taken to
digitize the material shot, and, of course, the finite amount of memory
available to hold that material. Both these drawbacks can be minimized if
a pre-selection is made of material to be digitized. This in itself can be
time consuming, but the process can be speeded up considerably if
material shot is accurately logged at the time of recording, not only with
start and end timecodes but also such details as scene and take numbers,
shot description, person/s shot, lighting/weather conditions, sound
track/s and production comments (e.g. N/G, Use this! etc.). Devices are
available, and they are hand-held, which permit such details to be pre-
programmed in. They will automatically log start and end timecodes, via
a radio link from the camcorder or film camera, together with relevant
shot detail. They permit the sorting and editing of logged material, and
can produce either an EDL or Logging Database for export to either a
linear or non-linear editor. These devices will run on either Macintosh or
PC and will produce EDLs or Logging Databases for all commonly
encountered linear and non-linear editors. They usually have the sync
options of record-run, free-run or jam-sync and have clocks stable enough
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Figure 8.3 An automatic logging device which runs off a radio link from
camcorder or film camera. Used in conjunction with a computer it can pro<.iuce
on-shoot timecode Jogs and Logging Databases for export to non-linear editors.
Courtesy of Electronic Visuals Ltd.

to remain in sync for several tens of minutes in the event of the radio link
failing. Figure 8.3 illustrates one such device, which the author has used
to great effect while shooting on location for later non-linear editing. As
with any radio link the operator is advised to ensure that the frequency
used complies with the regulations in the area of use.

Running unlocked with film

At one time, running a field audio recorder and a film camera unlocked
was anathema. However, the advent of film cameras with cryst.al~
controlled transports, loaded with DataKode® film stoc‘k, and .ﬁtted with
in-camera timecode generators (see Chapter 5), made it possd)_le to run
both camera and audio recorder unlocked. With KeyKoded® film stock
there should be no need for a clapperboard, as the offse_t between the
codes on audio tape and film (or the subsequent video off-line copy of the
film) can be calculated by a microcomputer on transfer. lndged, one
manufacturer makes a point of needing no clapperboard w1ti-ln th_eu'
system. However, the use of a clapperboard will ensure synchronization
should the technology fail.

Running unlocked with video

Although video and analogue audio can run unlocked as long as the
timecode generators are accurate and stable, this mode of working should
be treated with care if using a field R-DAT recorder. The sampling clock

I

e
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on R-DAT will need to have a known relationship with video syncs if
relative slippage is to be avoided in post-production. Over short periods
the clocks in both professional camera and R-DAT will probably be
accurate enough to permit unlocked recording as long as the R-DAT’s
timecode generator is re-jammed at regular intervals. However, some
domestic and semi-professional R-DAT machines do not have clocks
stable enough to allow this. In any event, long continuous takes should be
undertaken only with R-DAT locked to the camera’s video reference.

There can also be problems when video camcorders are stopped
between shooting sequences. If the camcorder is left in its Standby mode
after shooting a sequence the tape will remain in contact with the head
drum, and be backwound a few frames. When the VCR button is pressed,
control track and timecode should pick up from where they left off,
ensuring continuity of colour framing and maintaining synchronization.
On a poorly maintained machine this may not happen, and if the tape is
unlaced from the head drum then colour framing may not be continuous
across the join between tapes, resulting in loss of synchronization.

The playback shoot

There is an increasing requirement for shooting pictures to a pre-recorded
sound track (e.g. for a pop video). The pictures will then be post-
produced. In this event it will be necessary to provide the following facilities:

1 Audio replay machine to run at exactly the same speed as the video
recorder

|
2 Timecode on the video recorder that is colour-framed |

|
3 Some method of identifying synchronization between pictures and }v
sound in the absence of a clapper slate, or if there is no slating signal l
recorded on tape 1

There are a number of ways of achieving the above with varying i

degrees of complexity, depending on equipment available. These are
described below.

Self-resolving of timecode

Some audio field recorders can run locked to their internal timecode
generators, rather than running at a nominal speed dependent on the
degree of slippage in the friction drive system (Figure 8.4). The tape to be
replayed must first have been striped with timecode when being copied
from the final mixed audio master, and it would be helpful if a ‘click track’
is put at the head to aid the performers in vision. If the guide audio can i
be recorded onto an audio track of the video recorder it will aid synchro-
nization during post-production. 1
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Figure 8.4 For short vision recording runs a Nagra can be made to self-resolve. It
uses pre-recorded timecode as a control track, comparing this with its internal
clock to control tape speed.

Resolving to video

Although more complex to achieve than self-resolving, resolving to an
external video source is much more elegant. This involves comparing the
off-tape audio timecode with that being generated by the video recorder
(Figure 8.5). The replay speed is now under the control of the timecode
from the video recorder. Guide audio can be recorded on one track of the
videotape, and timecode from the audio recorder onto the other. The
recorded videotape will now have both sets of code available, that
generated by the video recorder or camcorder will be colour-framed. The
other, recorded from the audio field recorder will correspond to the code
laid on the audio master tape. From these two codes the offset can be
easily calculated for post-production purposes.

The use of R-DAT for field recording

One of the many advantages digital recorders have over analogue is that
synchronization and timing are made much easier as digital data can be
stored and clocked out precisely to order under the control of an
extremely accurate clock. If the R-DAT machine is capable of being
synchronized to an external source of composite video, it will run at
exactly the same rate as the camera. If it will accept timecode from the
video recorder (earlier R-DAT field recorders will not do this), the code
striped onto the audio tape and that striped onto the video tape will be
identical (Figure 8.6a). It will, of course, record its own internally-
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Figure 8.5 A Nagra can resolve to timecode coming from a camcorder. This will
lock audio and video firmly together. Guide audio and LTC can be recorded on
the audio track of the videotape to act as a guide in post-production.

generated timecode, so it will be necessary to put a clapper or some other
slating signal at the head of both video and audio recordings at the start
of each tape to ease the process of synching the sound to the pictures in
post-production.

If an R-DAT recorder has no facility for recording continuous timecode
then record, at the head of the take, incoming longitudinal timecode from
the video recorder onto an audio channel for a few seconds — 20 seconds
is a good duration, since R-DAT machines can take up to 10 seconds to
lock up under the control of an edit controller or synchronizer in post-
production (they lock up much faster if fed with an external reference
signal) ~ and then switch the channel back to incoming audio before the
actual take. This code can then be used in post-production for calculating
the offset between pictures and sound. Figure 8.6b illustrates the
procedure. Of course it is important not to stop the R-DAT machine
recording between laying down each LTC leader and the take to which it
relates. Unlike ordinary analogue machines the same rotating heads,
locked to an internal control signal, attend to both record and replay so
there is no offset to compensate for when the tape is replayed.

Not all R-DAT field recorders provide indication of the timecode
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Figure 8.6 (a) When working with R-DAT, timecode can be recorded either on a
dedicated track, or a spare digital audio track if working in mono. (b) If working
in stereo with older machines without timecode facility, a few seconds of LTC
can be recorded at the head of each take on one audio channel, which should
then be switched back to audio.

Mi

recorded. This is not only a nuisance when it comes to logging the takes,
but, perhaps more important, it means that there is no way of checking
that a timecode has been received. As the timecode is placed in a subcode
within the actual programme sound data stream, the ability to read the
timecode either from a play head during recording or by playing back a
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Figure 8.7 (a) A Psion organizer used as a timecode reader. A radio link is
optional. (b) Shot lists being typed up at the end of the day from a timecode
Organizer. Courtesy of Chris Thorpe Projects.

test recording prior to the take will give assurance that both timecode and
audio are being recorded. An accessory such as a Timecode Organizer,
illustrated in Figure 8.7a, which plugs into a Psion Organizer to give a
display of received timecode, can prove very useful. Incoming code
failure is indicated, and an optional radio link is available. This piece of
equipment also provides a facility for entering shot descriptions into the

4
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organizer, together with timecode details at start and end of takes, and at
the end of the day’s shooting, the shot listings can be edited and printed
out, thus freeing the PA from the chore of typing this all up in the evening
(Figure 8.7b).

R-DAT certainly makes the operational aspects of a playback shoot a
great deal easier. Locked to its extremely accurate internal clock, and
playing back material recorded via an equally accurate clock, there will be
negligible drift over a short period of time. The tape can simply be played
back, again with perhaps the audio being recorded on one audio channel
of the video recorder as a guide for post-production, and the timecode on
another channel for the offset. Figure 8.8 illustrates. The same rules apply
regarding locking the video recorder to the R-DAT timecode: don’t do it.
There will be no established relationship between the R-DAT timecode
and the video recorder’s sync pulse generator, and no colour-framing
relationship. The R-DAT machine on which the guide audio was recorded
must have been locked to video syncs. This will have ensured an
established video frame/timecode address relationship.

Remote timecode generation

If you are using an analogue audio field recorder without an internal
timecode generator, then independence from the camera can be achieved
if a separate portable timecode generator is used. Its use frees the
recordist from both radio links and the need to keep re-jamming to the
camera as long as time-of-day code is employed. At the time of writing,

Audio 11in
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1 Channel 1
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Figure 8.8 An R-DAT machine will be stable enough to run with independent
timecode during playback shooting. Guide audio and timecode may be recorded

on the audio tracks of the VCR.
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portable battery-operated timecode generators have an accuracy of 1
frame per hour, but crystals are coming on the market with a much higher
degree of thermal stability, and portable generators with an accuracy of 1
frame in 5 hours can be expected.

Record-run and time-of-day codes

Timecode generators in field recorders allow for two modes of operation.
In the record-run mode, when the recorder is put into Pause (not Stop) it
will backwind a few frames with the tape loosely laced round the head
drum. On pressing Record again, the end section of the timecode and
control signals on the backwound tape will be used to regenerate fresh
code and control track pulses, which will be laid down seamlessly on tape
as soon as the machine goes into ‘record’. The contiguous time addresses
and the continuous control track will make post-production much easier,
as there will be no timecode or control track problems during pre-roll.
Time-of-day code is exactly that. The generator can be set either
manually, or jam-synched at the start of the day, and within limits the
code addresses recorded will represent the passing of time. This means
that time addresses across separate takes will not be contiguous, and there
may be problems during post-production if insufficient pre-roll time has
been left at the start of a take. This form of code can be useful when a
number of independent units have to record an event where it is
important to have a record of the time of day, to aid continuity. Most field
video recorders have the facility to place record-run addresses in the time
data bits of the timecode word, and time-of-day addresses in the user bits.

The problem with midnight

At midnight the timecode generator does not blithely carry on through
24h.00m.00s.00f, but instead resets to 00.00.00.00. If a recording is made
over this time there could be problems with some edit controllers and
synchronizers, which will not recognize the progression through
midnight and so may spool the wrong way when searching for a time
address. There are three ways of preventing these problems from arising.
The recording of a take could be started sufficiently early for it to end well
before midnight. Reels and cassettes should be changed before the post-
midnight take so that there are no split days on the same tape - either
sound or video. Fresh tape(s) could be put into the recorder(s) and
production paused until after midnight has passed. Alternatively, if the
nature of the events is such that recording over midnight is necessary, as
for example it would be when recording New Year celebrations, then the
answer is to reset the timecode generator(s) so that they skip past
midnight, rejamming slave generators if necessary: a sensible way might
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be to advance the ‘hours’ address to 12 (noon). This will keep the minutes,
seconds and frames unaffected for syncing timecode with the actual time
of events, which will be a great help during post-production if the events
are being shot with multiple independent cameras and recorders.

Cassette changes

It is a good idea to have some indication within the timecode word of the
reel number. If time-of-day code is being used this information may be
stored in the user bit, and one manufacturer of audio field recorders has
provided a facility for easily incrementing the last two digits of the user
bits when they are being used in calendar mode. Most people prefer to
have the reel number incorporated within the time data, and convention
is to put the reel number in the hours digits of the timecode.

[f this is done, both video- and audiotapes should be changed together.
There will be no danger of the reel number incrementing up accidentally
as long as the code is reset to zero and the tape duration is less than 1 hour
long. No audiotape recorded on location should ever be split across
videocassettes.

Setting the VITC lines

Most field recorders use little thumbwheels to set the two lines on which
VITC will be recorded independently of each other. These thumbwheels are
often marked with the hexadecimal sequence of symbols 0-F. While there
are sixteen symbols in the Hex system, the IEC allows VITC to be placed on
any line between 6-22 (319-335) inclusive when used with 625/ 50 systems,
a total of 17 possible lines. It might be supposed that these would permit
VITC to be placed either in lines 6-21 to 7-22. This is not the case.
Component analogue recorders use line 8 or 10 to record vertical interval
sub-carrier: line 7 may be used in PAL systems to carry a pulse identifying
the eight-field sequence (it is recorded in field 1); lines 7-15 (320-328) carry
field identification signals in SECAM. Most factory settings put VITC in
lines 19 and 21. If you are considering altering the VITC lines also bear in
mind that 1 in C-format machines have a format dropout that will increase
when running at other than standard speed. The tape logs should state
which video lines carry VITC, together with any non-standard codes such
as a secondary code in the user bits or on an audio track.

Shooting without a slate

It is possible to shoot without the need for a slate if in-camera real-time
code is also recorded on the audio tapes by the sound recordist, and the
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‘ready-to-roll” time (day, hour, minute) is written on the tape box as scon
as the tape is loaded onto the recorder. This ready-to-roll information is
necessary as the audio recorder timecode may not carry data information,
so saving the colourist having to hunt to find the sound reel
corresponding to the film negative. If the recorder has no timecode
generator, or has one that cannot be jam-synched, a master clock can be
used to provide the correct code. If no dedicated timecode track is
available, code can be laid down on a spare audio track.

If Aaton code is being used, the later R-DAT recorders will accept the
Nagra/ Aaton user-bit organization which carries the date, and modifica-
tions are available to allow some R-DAT machines to accept TTL timecode
levels, so easing the interface problems with some cameras. Check with
your supplier whether or not you have the correct soft- and hardware in
the recorder.

Although in-camera codes are quite tolerant of over- or under-
exposure, do check the settings of the LEDs’ intensity — timecodes burned
in on a 50 ISO film with the intensity set to 500 ISO could be difficult to
read on transfer. A test transfer prior to shooting could save much angst
later. If shooting monochrome film, relying purely on real-time code for
sound sync on transfer, be aware that most black and white emulsions are
relatively insensitive to the red light from the in-camera code generator —
a 250 ISO monochrome negative stock could have a sensitivity of 80 1SO
in the red end of the spectrum — so have a transfer test done before
shooting starts. Check also, each time film is to be loaded, that the LEDs
generating Aaton code are twinking equally brightly; no particles of dust
should cover any of the LEDs. Regularly, say every couple of years, check
the stability of the timecode generators. They should have a stability
better than 1 part in a million (approx 1 frame in 10 hours). A good check
of picture/sound time clock accuracy is to shoot a marble bouncing on a
marble or ceramic tiled surface. One last point - a battery which is too low
in charge to run the film camera can still keep the real-time clock going for
a couple of hours so do not disconnect it until a fresh one is to hand.

The Global Positioning Satellite (GPS) system and timecode

The concept

The concept behind the GPS system is that of using time-of-arrival differ-
ences in the signals received from a number of satellites in order to
compute position. As long as the exact position of each satellite is known,
and each satellite transmits identical time signals simultaneously with
every other satellite, then the position of the receiver can easily be
calculated. Figures 8.9 to 8.11 illustrate the concept. In Figure 8.9, signals
are being received from two satellites. If the distance from one satellite is
r, and the distance from the other is v + Ar, then the receiver must be at
either of points X. If r is unknown, but Ar is known, then the receiver must
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X

Figure 8.9 If two generators transmit identical time data, and a rectleiver inan
unknown position generates identical time data, the difference in time d.ata (Ar)
brough about by the different journey times, on arrival at the receive.r will
enable its position to be computed, though with a degree of ambiguity.

lie along the curve Y-Y, as Figure 8.10 shows. Ar is calculated from the
time-of-arrival difference between the two transmitted signals. In Figure
8.11, signals are being received from three satellites. The differences in the
arrival times of the three time signals, r, Alr, A%, enable the receiver’s
position to be calculated precisely, with no ambiguity. In practice, four
satellites are required as the receiver may be either above or below the
elevation of one or more of the satellites.

Y

rl+Ar

r2+Ar

y

Y

Figure 8.10 If two generators in known positions transmit identical time data but
the receiver time is unknown, the difference in time data (Ar) brought about by
the different journey times, on arrival at the receiver will enable the receiver’s
position to be computed as being along a curved line.
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Figure 8.11 If three generators in known positions transmit identical time data
but the receiver’s time is unknown, the differences in arrival times between their
three signals will enable the receiver’s position to be computed unambiguously.

Spatial positioning

For GPS to work, the positions of the GPS satellites (SVs or Space
Vehicles) must be known. Geostationary satellites cannot be used as the
laws of physics determine that for a satellite to be geo-stationary, it must
lie on the plane of the earth’s equator. The SVs follow a precisely
computed orbit, using an Earth Centred Inertial coordinate system. In
other words, their positions are known relative to the effective centre of
rotation of the earth (or rather, the effective centre of the earth at 12.00
hours UTC on 1 January 2000).

GPS receivers use an Earth-Centred Earth-Fixed (ECEF) coordinate
system. In other words, their position is computed in terms of latitude
and longitude (and height above/below a computed ellipsoid shape,
acknowledging that the earth is an oblate (flattened) spheroid, rather than
a sphere).

Signal characteristics

The GPS SVs transmit on two common frequencies: L1 = 1575.42 MHz
and L2 = 1227.6 MHz. These are 154 times and 120 times the perceived
data rate of 10.23 MHz respectively. Interference between satellites is
avoided by the use of Pseudo Random Noise (PRN) scrambling of the
data, a technique employed in the NICAM stereo sound transmission
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system, combined with a Binary Phase Shift Keying (BPSK) of the carrier
(again, similar to techniques employed in NICAM).

The L1 frequency link consists of three components, in phase quadra-
ture with each other. One component, the precision P code, is a ranging
code of seven days’ length, carrying highly accurate time data. The US
military reserve the right to make this code unavailable to the general
public by substituting another (Y) code, details of which are not in the
public domain. For this reason, this code is often referred to as the P(Y)
code. The third component is the C/A (coarse/acquisition) code which
allows the P(Y) code to be acquired by the receiver. In addition to the P(Y)
and C/A codes, the L1 link carries system (NAV) data such as SV
ephemerides, system time, SV clock behaviour, status messages and
instructions concerning the switching between P(Y) and C/ A codes.

The L2 frequency link carries either the P(Y) or the C/A codes,
selectable by ground command. It can also carry the P(Y) data without the
NAV data.

Time data

GPS disseminates time data as Universal Coordinated Time (UTC), in a
form capable of being used for time synchronization throughout the
world. UTC is a composite form of time, having data inputs from both
atomic clocks and a time scale derived from the rotation of the earth with
respect to the sun (UT1).

Atomic clock time, International Atomic Time (TIA), is highly accurate,
being derived from atomic standards held in 50 timing laboratories in
different countries, and computed by the Bureau International des Poids
et Mesures (BIPM) in Paris to give a statistically definitive time. It is
sometimes called a ‘Paper Time' since it is not kept by a physical clock.

Irregularities in the earth’s orbit, variations in the tilt of the equator and
polar wobble result in the length of solar days (and hence of hours,
minutes and seconds) varying. These are compensated for to give UT],
which defines the actual orientation of the ECEF coordinates with respect
to space and celestial bodies. There are also variations in the rotational
speed of the earth and, as a consequence, solar time (UT1) is irregular.
Since navigation and both civil and military timekeeping depend on
having a uniform time scale, these variations are computed out by the
International Earth Rotation Service (IERS) to form UTC, which has
seconds of equal length to TAI This does not wholly solve the problem
since a TIA day is slightly shorter than a UTC day. The difference is in the
order of several milliseconds per day, and can add up to a second or s0
over a year. The IERS determine when to add or subtract leap seconds so
that UTC never differs by more than 0.9 second from TAL The compensa-
tion is carried out either in the last minute of the UTC year or in the last
minute of June.

The US Naval Laboratory maintains a set of more than twenty caesium
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atomic clocks and, using astronomical data, generates its own version of
UTC, known as UTC(USNO), which is not allowed to vary by more than
1 ms from UTC. Because UTC is periodically corrected, GPS time differs
with respect to it. The NAV data contains information for relating GPS
time to UTC.

Applications

With suitable ancillary equipment, video cameras and camcorders can be
genlocked to GPS. Timecode generators can jam-sync to GPS. Because of
its accuracy and stability, GPS time can be used to ‘tune’ free-running
timecode/sync pulse generators, permitting multi-camera shoots to be
undertaken with complete confidence without the need for periodic re-
jamming of the timecode generators. The GPS signal cannot normally be
received by a receiver sited indoors, though the author has used GPS as a
synchronizing source within the Faraday cage of an aeroplane, when
shooting onto video. Figure 8.12 illustrates a GPS locked timecode
generator. For timecode purposes the GPS receiver must receive GPS
signals from a minimum of three SVs. Usually, signals have to be received
from four SVs in order to accurately establish the position of the GPS
receiver, remembering that a positional error of 1 metre will result in a
3 ns timing error.

Figure 8.12 A commercially available IEC timecode generator capable of being
locked to GPS. Courtesy Radiocode Clocks Ltd.
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Terrestrial time and date code sources

The code format and transmission

There are a number of terrestrial standard time data and frequency
transmitters around the world, all of which provide highly accurate time
data related to UTC. Frequency details and addresses are given in
Appendix 9. In the UK, the MSF time and date code is broadcast from
Rugby (latitude 52° 22’ N, longitude 1° 11’ W). The estimated radiated
power is 27 kW from a substantially omnidirectional antenna, giving
effective coverage over the UK and northern and western Europe. It can
be satisfactorily received in Iceland, Finland and Gibraltar. Carrier
frequency is maintained at 60 kHz to within two parts in 1012,

Simple on/off carrier modulation is used, the timing of the pulse edges
being governed by the seconds and minutes of UTC, which is always
within 1 second of GMT. Every UTC second is marked by a carrier ‘off’
preceded by at least 500 ms of carrier ‘on’. This second marker is accurate
to within 1 ms. The first second of each minute (second 00) nominally
contains 500 ms of carrier off, though other data may be transmitted by
carrier on/off modulation between 25 ms and 330 ms. Seconds 01 to 59
(exceptionally 58 or 60) always begin with at least 100 ms ‘off” and end
with at least 700 ms of carrier ‘on’. Seconds 01-60 carry information, in
signalling bit pairs (A and B), about the current minute, hour, day of
week, month and year, and about the difference between TIA and UTC,
this difference being called DUT code (DUT1). DUT1 is signalled to the
nearest 100ms in the range +800 ms. A positive number means that GMT
is at a higher count than UTC. Figure 8.13 illustrates the detail of the time
and date code for second 00 and seconds 01-60.

Allocation of signalling bits

Bits 17B—*51B and bits 01A—*16A inclusive are currently set to ‘0’, as are
bits *52B and *59B, their future use being reserved. To identify the minute,
bits *53A—*58A are all set permanently at ‘1’, and are always preceded by
bit *52A at ‘0’ and followed bit *59A at zero. This sequence 01111110 never
appears anywhere else in bits A, so it uniquely identifies the following 00
second minute marker. In minutes shortened or lengthened by the
addition of a positive or negative leap second, the second numbers identi-
fied as *nn are correspondingly increased or decreased by one, shifting
the start of the time and date code by one second relative to the start of
the minute. When UK civil time is offset from UTC by one hour for British
Summer Time, bit *58B is set to “1’. Bit *53B is set to ‘1" during the 61
minutes immediately preceding the change, the last being minute 59,
when bit *58B changes. Table 8.1 gives the details Bits 01B-16B are used to
signal the DUT code value. Table 8.2 gives the details
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Carrier off Carrieron
Possible on/off carrier modulation #

I e
Second. 00 7

Minute marker

Variations in carrier-off imes

permit a 2-bit binary number
to be carried,
Seconds 01 —
o bitA bitB
Second marker ? T T T
oms 100ms 200ms 300ms
two bits, numbered xxA and xxB
for second xx.

bit polarity: 0=on, 1= off
Figure 8.13 The Rugby MSF Terrestrial Time and Data Code Transmission marks
the start of each minute epoch by turning the carrier off for 500 ms at the start of
second 00 (top). Other data may be carried during the 500 ms Minute Marker.
Time data are carried by turning off the carrier for up to 300 ms at the start of
each second epoch (bottom). The “off” duration of the second marker is used to
code a 2-bit binary number which when combined with the other 59 (sometimes
58 or 60) bit-pairs enables time and date information to be carried.

Service continuity

The MSF 60 kHz from Rugby is transmitted continuously except for
monthly and annual routine maintenance periods. The monthly mainten-
ance period takes place on the first Tuesday of every month from 10.00
UTC to 14.00 UTC (11.00 BST to 15.00 BST). The annual maintenance
period takes place over a two-week period in summer. During this time,
the MSF signal is absent during the daytime and restored overnight,
though the overnight transmission is not guaranteed. The dates for the
annual maintenance breaks can be obtained from the National Physical
Laboratory Time and Frequency Service (+44 (0) 181 943 6493).

Applications

With suitable ancillary equipment, video cameras and camcorders can be
genlocked to the MSF signal. Timecode generators can jam-sync to MSE.
Because of its accuracy and stability, MSF time can be used to ‘tune’ free-
running timecode/sync pulse generators, permitting multi-camera shoots
to be undertaken with complete confidence without the need for periodic
re-jamming of the timecode generators. MSF can normally be received
indoors, but can be prone to local interference (in the author’s experience,
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Binary Coded Decimal Year (00 - 99)
80 40 20 10 8 4 2 1

*17A *18A *19A "20A *21A *22A "23A *24A

BCD Month (01 - 12) BCD Day of Month (01-31) Day of Week®
10 8 4 2 il 20 10 8 4 2 il 4 2 1

*25A *26A *27A *28A *29A *30A *31A *32A *33A *34A *35A *36A *37A *38A

o= Sunday to 6 = Saturday

BCD Hour (00 - 23) BCD Minute (00 - 59)
20 10 8 4 2 1 40 20 10 8 4 2 1

*39A *40A *41A *42A *43A *44A *45A *46A *4A7A *48A *49A *50A *51A

Minute identifier

Bit *52A set to ‘0’

Bits *53A, *54A, *55A, *56A, *57A and *58A are set permanently at ‘1’

Bit *59A set at ‘0’

Sequence 0111111 0never appears elsewhere in bits ‘A" so the following second
00 minute marker is uniquely identified

Parity Bits

Bit *54B, taken with bits *17A - *24A inclusive provides an odd number of 1's
Bit *55B, taken with bits *25A - *35A inclusive provides an odd number of 1's
Bit *56B, taken with bits *36A - *38A inclusive provides an odd number of 1's
Bit *57B, taken with bits *39A - *51A inclusive provides an odd number of 1’s

Table 8.1 Mapping details of the time and date code carried in bits A of the bit pairs
in seconds 17-57 (occasionally seconds 16-56 or 18-58).

fluorescent lights can cause problems), and reception is sometimes poor
in steel-framed buildings. Reception is almost certain to be bad if the
receiver’s antenna is within a Faraday cage (such as is sometimes found
as part of the fabric of television and radio studios and control rooms.

Genlocking and jam-syncing
When a number of camcorders are shooting the same event, it will be

important for post-production that their timecodes match. Record Run
codes cannot be used for the simple reason that the different camcorders
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DUT1 Positive DUT1 Negative

Oms no bits set to ‘1’ —-0Oms no bits set to 1’
+100ms  bit 01B set to ‘1’ -100ms  bit 09B set to ‘1’
+200ms  bits 01B & 02B set to ‘1 —200ms  bits 09B & .10B set to ‘1"
+300ms  bits 01B to 03B set to ‘1 -300ms  bits 09B to 11B set to ‘1’
+400ms  bits 01B to 04B set to “1” —400ms  bits 09B to 12B set to ‘1’
+500ms  bits 01B to 05B set to ‘1 -500ms  bits 09B to 13B set to ‘1’
+600ms  bits 01B to 06B set to ‘1’ —600ms  bits 09B to 14B set to ‘1’
+700ms  bits 01B to 07B set to ‘1’ ~700ms  bits 09B to 15B set to ‘1’
+800ms  bits 01B to 08B set to ‘1’ —-800ms  bits 09B to 16B set to ‘1’

Table 8.2 Mapping details of the DUT code (see text) carried in the B bits of bit
pairs 01-16. At the time of writing, bits 01A-16A are set to ‘0.

will be recording over different time epochs, so Free-run code must be
used with the option of making the code Time-of-day. If difficulties are to
be avoided with the 8-field sequence in 625/50 systems (4-field in 525/ 60
systems) in any subsequent editing, the timecode should be related to the
appropriate field sequence. In order to satisfy these requirements ensure
that camcorders are genlocked before jam-syncing. In the author’s experi-
ence there are two ways of achieving this with simplicity on location.

The least technologically complex, but more fiddly, way is to designate
one camcorder as Master. Its timecode generator should be set appropri-
ately to Free-run and Time-of-day (or some other time agreed with the
picture editor and/or sound dubbing mixer if possible). Each other
camcorder should be brought up to the designated master in turn and
firstly genlocked to it by connecting VIDEO OUT on the master
camcorder to GENLOCK IN on the slave, then connecting TIMECODE
OUT on the master camcorder to TIMECODE IN on the slave, with the
slave machine’s timecode generator set to FREE RUN. As soon as the
timecode on the slave machine has locked to the master (indicated by
both machines displaying the same timecode value) the slave machine
can be disconnected. Depending on the nature of the material being shot,
and on the relative accuracy of the sync pulse generators in the various
camcorders, this process may have to be repeated at intervals throughout
the shoot as the various SPGs drift apart. Figure 8.14 illustrates the
procedure.

An alternative method of jamming camcorders together is to equip each
with its own external timecode/video sync generator. These can be
individually set by plugging them into a master generator, which itself
may be locked to GPS or MSF or similar. More importantly, the accuracy
of the individual generators over a period of time can be checked against
the master, though typically their drift is less than 1 frame per day.
Alternatively a single unit may be jammed to a master generator, then
connected to each camcorder in turn, connecting first the video then the
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Video out ! Genlockin

)

Genlochn T TCin

m

TCout Video out

Figure 8.14 Momentarily genlocking and jam-syncing a pair of camcorders.
Designate one unit as the Master and set time code running. Feed its video out
into the genlock input of the Slave, Keeping the genlock feed in place, connect
timecode from Master to Slave and jam the slave’s timecode generator to the
master.

timecode, so that each camcorder has been momentarily genlocked then
jam-synced. The danger with this method is that you are now reliant on
the accuracy of each camcorder’s internal SPG which may not have
sufficient stability to maintain sync for more than an hour of so. Similar
devices can be fitted to field DAT recorders, supplying not just timecode,
but a wordclock or video sync feed as well. Figure 8.15 illustrates such
devices.
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Figure 8.15 A comn*fercially available highly stable timecode and video syncs
generator. It can be jammed to a Master and its stability can be checked.
Courtesy Ambient Recording GmbH.
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CHAPTER 9

Timecode and linear post-
production

The transfer suite

After rushes have been viewed to sort the wheat from the chaff, the
‘wanted’ takes should be identified and transferred to a format suitable
for the off-line edit. Traditionally, Hi-band U-matic machines have been
used for this, as the format supports timecode. Some post-production
houses, at least one broadcaster, and some manufacturers, have
developed VITC generators that will lay code onto Lo-bandeand VHS.
Laying down a proper time-address signal is preferable to burning-in the
code, as the off-line editor has the options of switching it in or out,
whether to put it in a ‘letter-box” or superimpose it, and - important —
where to place it on the screen. If code has to be burnt in, consideration
should be given as to where to place it within the image. Some editors will
wish to see the bottom of the picture, as footsteps can be used to help sync
pictures with sound. Superimposed code can be more difficult to read, but
is less obtrusive than code in a letter-box. Whatever method is used, the
time addresses must correspond with those on the rushes. If the off-line
tapes are from film transfer, both KeyKode® and the in-camera recorded
code should be transferred, and the time addresses also stored in a
computer database for later conforming and negative cutting once the off-
line edit has been done.

Whatever method is used to marry code with the off-line copy, it should
always be transferred via a regenerator, which should be set to ‘external’
and “auto’. If possible, both VITC and LTC should be transferred to the
off-line copy. It is important that they should be identical. If they are not,
the addresses could unexpectedly change during the off-line edit as the
play VCR switches automatically between the two.

Off-line editing

It can be cost-effective to make the major edit decisions off-line, away
from the expensive (both in time and personnel terms) edit suite that will
be used to complete the final master edited tape. The tape format, edit
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controller and other hardware used for off-line editing will be less
expensive, and the off-line editing may be personally undertaken by the
director. At its very simplest the off-line edit may be a ‘paper’ edit, where
the director sits down with a VHS copy of the road tapes, with timecode
‘burned in” within a letter-box-shaped window in the picture (a ‘window’
dub), and writes down the ‘in’ and ‘out’ times by hand (Figure 9.1). The
decisions may be stored in a timecode organizer or, in more sophisticated
systems, on floppy or hard disc by means of a controlling microcomputer,
for later transfer to the on-line edit controller.

EDIT LIST

1
Page...... of...8 .. DAT.../ ..ol eus
producer J. Guindldon

Director R Seiadey .. . ...

Reel| Slate |Hrs |Min|Sec |Frm|Hrs |Min|Sec|Frm |Comments
1 14-5 1 34 |15 |20 1 |34 ] 36 | 24 |Fade in

2 3-1 7 12 | O4 7 |14 |20 Intro AIV
MIX 73
13 17-5 |13 |17 | 12 13 117 )25 Crane shot. Cut belore car
enters
6 18-1 18 |02 |47 18 | 02 | 47 Entry throuch doors
13 15-1 13 (071 |15 13 101 |27 Par of emply space
MIX 70
13 16-1 13 112 |18 13 12|30 Completed irdallation.
End affer 1001 1o company
Logo
7 5-1 7 15 |27 7 1711 Intewiow with M.D. (Pawl
Cladbaan.
7 6-1 7 78 | 40 7 |20 |40 Reverse angles for M.D. Int.
g 7-2 g 04 | SO |12 8 |06 |13 | 20 |Intowiew with recrdary

CCC (Variabie andio)
8 70-7 | 8 |15 |42 |15 | 8 |15 [ S8 | 21 |Lowy entering site

g 11-1 8 17 |01 g | 17|18 Lovy widoading (ad beore
offloading office desks)

10 12-1 10 |02 | 0% 70 1 02 | 12 Phone installation

10 14-3 10 [ 12 |20 10 | 14 | 14 Intewiew Bank
Reppresentative
(Name Super “Richard
Weddingion”)

10 15-1 70 |16 |10 70 | 17 | 04 Revevie angles for R W, Ind.

13 20-3 13 [ 12 124 (271 |13 117|417 Bank Rep amives Lor Silte
Meeting

14 ] T4 [ 04 |87 |07 [ 16 | 0S| 18 | 17 |Bank Rep grects Paud
Gladbinn.

Figure 9.1 In its simplest form an EDL can be handwritten.

Th.e two most common off-line edit methods will obtain a ‘rough cut’ of
the final version by means of assembly or insert editing. It may be that
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little thought will be given to the problems of thg 8-field sequence whe4n
editing composite pictures, the edit controller being switched to 2- or }—1
field. Some off-line editors may even work from the control track. In bgt
cases, the matter of the correct sequence will be attended to during
conforming, prior to the on-line edit. For thi‘s reason any audio post-
production should be done only after conforming.

Assembly editing

Assembly editing consists of adding successive video, audio, control track
(in the case of video and some digital audio formats)_ and tlrnecgnc.le onto
a tape which is effectively virgin. The new information is bL}tt-]Olned to
that already on tape, using the control track, anr:1 maybe tunecoiiie,htﬂ
ensure a seamless join (Figure 9.2a). (In this respect it should be note tAaFlE
assembly editing on Prodigi and some impleTnentatmns of the- R-DCl

format require pre-striping.) The video, audio, control ar}d timeco ‘e
tracks are extended as the process continues. Bt?fote each edit the tape is
backwound to a point before the end of the previous sequence, and ondthe
approach to the edit point the previously~lald'cont1_'ol track is }:ISEE‘ to
guide the servo systems to ensure correct continuation of sync romzaci
tion. If the edit controller can generate a list of .both ‘orlgmal atli!

corresponding off-line edit master time addresses during, this process, the

A1l
A2

Video

Ctl
T/C

Al

Video
Ctl
T/IC

Figure 9.2 In assembly editing (a) programme, control and tin'le?ﬂde tx:acks] are
laid down together consecutively as the edit pmcgecls._ Insert edits d(b) mw; ve
striping the tape with control track prior to the edit. Video az.1d audio cank e .
recorded individually. When striping the tape, the opportunity is often taken to
lay LTC as a stripe of contiguous time addresses.

H
'I
|
|
1
|
1
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record machine can be set up for record-run code. This will result in a
continuous and contiguous code on tape, with the corresponding original
addresses on disc. This will permit later insert-editing of the tape, should
this prove necessary. If this degree of sophistication is not available, the
recording machine should be set to ‘external’ and ‘regenerate’. The time
addresses recorded will be those of the working copies of the original
tapes. If VITC is being recorded, the lines should be the same as those on
the working copies of the road tapes. If this is not done there is the
possibility of a VITC reader receiving different information from different
lines, if it is set to auto. If an edit list is stored on disc, it should be printed
out in hard copy each time it is modified, to protect against loss in the
event of a system crash.

During assembly editing, both video and sound must be laid down
together; in particular, audio alone cannot be laid down because of the
need for a control track. Note that later insert-editing on the tape can be
performed only if continuous control track is present without any dis-
turbance at the edit point, together with a timecode address track that is
both continuous and contiguous.

Insert editing

Insert editing permits video, audio and sometimes timecode to be laid
down individually. The process requires the tape to be pre-striped with
both control track and longitudinal timecode (LTC). This is usually done
by pre-recording 'picture black’ or “black and burst’ (Figure 9.2b), though
some editors prefer a coloured video field. Reference to the colour sub-
carrier will be necessary for sophisticated editing in a composite environ-
ment, to prevent picture disturbance at the edit point. Component
videotape recorders do not, in themselves, require reference to colour sub-
carrier. However, a line of colour sub-carrier is recorded during the
vertical interval when recording from a composite source.

VITC cannot be pre-striped as it will be overwritten when video
information is recorded. It is important that longitudinal timecode is not
overwritten while insert-editing, otherwise any subsequent editing or
audio post-production will be made very difficult. It is sensible to
generate VITC from the pre-striped LTC during the video insert edit as
both timecodes will be present and identical. The recorder’s internal
regenerator should be set to ‘internal’ and ‘regenerate’. The videotape
machines employed later in the post-production process will then have
the choice of both timecode forms, for maximum flexibility.

Pre-roll requirements

Since all machines require a few seconds of pre-roll in order to synchron-
ize before performing an edit, it is important that the timecode addresses
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over this period are contiguous. If they are not, the edit
controllers/synchronizers may pick up the discrepancy and abort the
edit. The pre-striped timecode and picture black must be synchronous
(and colour-framed when working in composite). If not, lack of syn-
chronism between timecode and video frames will cause edits to abort,
and lack of correct colour framing in composite will cause problems with
sophisticated edits. If the recorder has an inbuilt timecode generator this
will need to be set to ‘internal’. If a separate regenerator is used, it must
be fed with the same syncs as the video machine by way of reference. It is
not a good idea to momentarily jam-sync a timecode regenerator, then
remove its reference. It may well not be stable enough to maintain
accurate synchronization for more than a few minutes.

If timecode on the edit master has lost synchronism with the video, it
may be possible to retrieve the situation by replaying the tape from the
head with the internal timecode generator set to regenerate, then
switching the LTC track into record. This will ensure that the regenerated
code will remain in sync with the video. If an external timecode generator
is used the same procedures apply, but it must be fed with reference video
from the videotape recorder, not station syncs.

When insert-editing, conventional practice is to have the edited
programme start at 10h 00m 00s 00f. It is not a good idea to start the
programme at ‘00" hours because of the ‘midnight crossing’ problem. One
way of doing this is by laying down timecode from the head of the tape
starting at 09h 57m 00s 00f. This will allow the recording a leader at the
head of the tape.

The edit decision list

In its basic form the edit decision list will be a written list containing reel
numbers, in and out times of the edits with corresponding start and finish
times of the source tapes and details of the individual edits, such as video
only, cut, wipe etc. (Figure 9.3). At its most sophisticated, the EDL will
also contain details such as colour grading of the source tapes, details of
split edits etc., with this information included in the EDL before autocon-
forming to permit most efficient use of time. Whatever its sophistication,
compilation of the EDL will rely on timecode. Both on- and off-line
editing sessions are greatly helped by having accurate production logging
(shot lists) with timecode.

Editing and the colour frame sequence

As discussed in Chapter 1, the relationship between colour sub-carrier
and video syncs varies over an 8-field sequence in PAL, 4-field in NTSC
and SECAM. For this reason, when editing together material from a
variety of composite sources, the sub-carriers on either side of the edit
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r
Title: Sampie Edit List “\
Customer name here
VAl A2 00:06.58:17
In Out Duration Time-code
Mstr 01.06:23:11 PLA N-01:17:06:05
15 Oissolve
C to A 060 A-Q77 12:10:37:20 12:10:44:04 00:00:06:14  Cue N.12:10:34:00
B-00S 12:35:18:28 12:35:18:28 STP N-12:35:19:08
Autotrim c o84 12:39:18:24 12:39:18:24 LOS D:12:42:06:20
Sort recn AUX REC OFF DISK ON
o Event =020 Black CO N-13:31:25:14
2{ A mode assembly, events
r 014 084 A1’V C 12:39:13:20 12:39:18:24 01:06:18:07 01:06:23:11
015 081 AA [¢) 12:35:01:06 12:35:18:28 071:06:23:11 01:06:41:03
> 016 084 VvV C 12:39:18:24 12:39:18:24 01:06:23:11 01:06:23:11 <
>016 077 v D 060 13:10:37:20 13:10:44:04 01:06:23711 01:06:29:25 <
017 077 v C 13:26:17.02 13:26:22:02 01:06 25.25 01.06:34:25
3_ Q017 084 v WO019 045 12:35:04:03 12:35:10:11 01°06:34:25 01-06.41:03
018 081 AAV C 12:37.08:02 12:37:11:02 01:06:41:03 01:06:44:03
018 081 AAV K B 12:37:11:02 12:37:18:23 01:05:44:03 01:06:51:24
018 AX AAV K 030 00:00:00:00 00:00:06:21 01:06:44:03 01:06:50:24
019 077 A2/V K B (F) 12:19:37:19 12:19:44:12 01:06:51:24 01:00:58:17
L L 019 084 A2’V K O 090 12:53:00:19 12-53:04:12 01:06:51:24 01:06:55:17

A CMX edit decision list 1, menu area: 2. system message area; 3, edit decision list (Courtesy
of FW O Bauch Limited)

Figure 9.3 A computer-generated EDL showing menu (1), system messages (2),
and the actual EDL (3) with information concerning the individual edits.

must be brought into phase. If this is not done there may be picture dis-
turbance following the phase discontinuity, when the edited material is
replayed. This is caused by the sub-carrier regenerator in the receiver or
picture monitor changing frequency and/or phase in order to resync. To
prevent this happening, the timebase corrector(s) (TBCs) associated with
the source tape machine(s), in combination with the edit controller, will
time-shift the picture information to ensure the correct phase relationship
exists both sides of the edit.

When undertaking simple editing, i.e. cutting or mixing between
dissimilar programme material, the TBC corrects for phase discontinuities
by time-shifting the video signal (in theory in either direction, but in
practice inserting a delay), usually horizontally, by multiples of one
quarter-cycle with respect to the horizontal sync pulses, and/or down by
a line to obtain a half-cycle phase shift, to bring the sub-carriers in phase
across the edit. On cuts or mixes between dissimilar material this
horizontal or vertical shift is not going to be noticeable unless the monitor
1s underscanned. Certainly, without any common spatial reference point
within the picture, the small shift in the position of the programme
material is irrelevant.

The situation is different when cutting or mixing between identical
picture material, for example during an animation sequence with a
common background, or when shortening or lengthening a scene, a
process known as ‘invisible’ editing. Here, any timing shift will be notice-
able as horizontal and/or vertical picture displacement. The way of
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dealing with this is to instruct the edit controller to perform a colour-
framed edit. This is done by amending the IN point(s) of the source
machine(s) so that the sub-carrier(s) when extrapolated across the edit
will be in phase with the sub-carrier on the edit master.

The correct phase relationship cannot be obtained by decoding the
composite signal into its components, then re-encoding with correctly
phased sub-carrier, because decoded composite video carries a residual
colour sub-carrier, which cannot be filtered out without degrading the
signal (colour sub-carrier lies within the luminance bandwidth). This
residual sub-carrier, carried across a non-colour-framed edit, will interfere
with the luminance signal, causing various degrees of cancellation. Final
phasing may have to be performed manually if the S-C/H phase relation-
ship is not close enough (& 20° is the recommended tolerance). Material
acquired and edited totally within a component environment will not
have these constraints.

Whatever technique is used to match sub-carrier phases, the edit
controller and TBC need to know the phase of all sub-carriers so that the
correct time shift can be inserted. This is done most conveniently if there
exists a fixed and standard relationship between timecode addresses and
sub-carrier to horizontal phase because the timecode(s) on source and
record machines can be examined to establish the various phase relation-
ship(s). The fixed and standard relationship between timecode and colour
sub-carrier is indicated by the presence of the colour frame flag. If this flag
is present in all source tapes and the pre-striped record master tape, the
phase relationship can be established. It is for this reason more than any
other that no composite video source should ever be fed with timecode
that it is not referenced to a colour sync pulse generator. All sync pulse
generators intended for use in composite editing suites, or component
suites where composite sources may be handled, must generate a
correctly colour-framed sequence of pulses and colour burst. Not all SPGs
maintain the correct sub-carrier-to-sync relationship. If relaying damaged

timecode on a road tape, the timecode regenerator must be fed with the
off-tape video as reference.

The relationship between timecode and the 8- or 4-field sequence will
be correct only if the sub-carrier phase is correct with respect to the
horizontal sync pulse edges (5-C/H phase). Timebase correctors associ-
ated with videotape machines have the ability to vary S-C/H phase
incrementally. The phase should be correct within 10° for trouble-free
editing, and should always be checked for all source machines to avoid
ambiguities. It should be suspect if problems arise when a colour-framed
edit fails. A timecode sync monitor can display information about colour
framing on a picture monitor (see Figure 3.19, p. 57).

Audio post-production

As audio signals are continuous, it is perfectly possible to slip the audio
signal within each timecode frame, something not possible with video, to
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aid synchronization. With 80 bits per timecode word (frame), offsets are
Possible down to 1/80 or less of an equivalent Videol frame, an
incremental time of 1/2000 s at 25 fps. One sound station on the mz;rket
can slip individual channels relative to each other and the master VCR or
synchronizer timecode by as little as 1/10 000 s. Analogue and audiotape
recorders do not have timebase correctors, so it is important that any
cpntrol device is able to smooth out any timing jitter on incomin

timecode if wow and flutter are to be avoided. ¢

Synchronizers

:Synchronizers control all transport functions of the machines, includin,
stop’, ‘play’, ‘fast forward’, ‘rewind’ and ‘speed’; they enable a number ogf
machines to play together in synchronization; they allow timecode offsets
between machines both in integer frames and fractions of a frame. The
may gmulate the characteristics of a VCR in order to allow an .audig
mac‘hme to be controlled from an edit controller. To do this efficiently each
dgwce will require details of its machine’s ballistics (acceleration, deceler-
ation, spooling speed, variable speed play range, nature of taéhometer
pulses). Commonly a synchronizer can be programmed either b
software or by hardware changes such as resistor links, to ‘recognize’ thi
I:ape r‘nachjne associated with it. Some synchronizers have the ability to
learn” a machine’s ballistics, and some, although pre-programmed, can
still confirm the ballistics on switch-on. ’

Masters and slaves

As a rule, one synchronizer is designated ‘master’. This is normally the
one c‘ontrolling the videotape recorder in video/audio post-production
This is because it is more difficult to make a videotape recorder slave tol
an external source than it is an audiotape recorder. Designating more than
one synchronizer as master causes total confusion, as each of the synchro-
nizers concerned tries to control the others. With some audio formats this
can cause physical damage. If one synchronizer is designated ‘master’
the other synchronizers control the slave machines, which are thereb {
forced to run in synchronism with the master. It is important that thjé
synchronizers controlling these machines do not lock them too firmly to
_the master, as any speed variation in the master would then be reflected
in the slave machines. It is also important that the slave synchronizers
roll-over” any short breaks in timecode which may be caused, for
e{cample, by dropout on the master, if the edit is not to crash. All s néh.ro—
nizers should have a selection of locking ranges available, and a szlection
f‘af tlmgcode dropout limits. Some may have the ability to reference to
Incoming timecode on machine start-up, switching to incoming reference
syncs once the slave machine is locked. One point to remember is that
when a tape machine stops, its parked position will depend on its braking
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ballistics; so it may well not be parked in synchronism with the master. If
this is the case, it will have to search for synchronism on start-up. This will
take some time, depending on its ability to play over a range of speeds:
the smaller the range, the longer the lock-up time.

Chase synchronizers

Chase synchronization is the simplest form of control. Under this system
the slave machine follows the master. The slave cannot park until the
master has parked. Its speed follows that of the master, within limits. The
slave will lock to timecode supplied to it from the master. Should the
master shuttle at a faster rate than the slave is able to follow, the slave’s
capstan drive will disengage, the tape will lift off the heads, and the slave
machine will go into spool. This may result in the slave running out of
control (a ‘speed hit’). The consequence is a possible run-off at the end of
tape. More likely, the result will be excessively long synchronization
times. To prevent this happening, audiotape machines intended for post-
production will have methods of controlling and monitoring spooling
speeds when under the control of a synchronizer.

Since a chase synchronizer can only follow the master, both master and
slave will have to roll back to a point several seconds before an edit point,
as the master has first to reach a stable play speed before the slave
machine can lock up to it. It is important that timecode is contiguous
during this time, otherwise the slave machine will not be able to lock, and
the edit will abort. If necessary, the timecode may have to be restriped if
a section of a videotape used as master in post-production has a rogue
section of timecode.

The synchronization procedure for the slave machine via a chase

synchronizer has three stages: first, the slave cues up to approxinately the .

same position as the master, using timecode as the reference; next, as the
master goes into play, the slave machine also goes into play, but with large
speed variations possible (up to +50% or so) until the timecode error
between the two is less than 1 timecode frame; finally, small speed
variations (usually less than +1%) are used to bring the slave into synchro-
nism with the master, often referenced to individual timecode bits. The
slave now locks to the master. Figure 9.4a illustrates.

Control synchronizers

Chase synchronizers are ideal when only one slave machine is required to
follow a master. However, when a multi-machine edit facility is required
it can be advantageous to employ central control, with a keyboard for
addressing individual machines via individual synchronizers, each one
programmed with the machine’s ballistics. Such a system is referred to as
‘modular’. In this way a cue-time address, together with any offsets, can
be entered into master and slaves, and all machines, master and slaves, go
to their respective addresses individually, in their own time. This will
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Figure 9.4 A chase synchronizer (a) will accelerate the slave machine, following
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reduce cueing time, and allow a system to grow as the requirements
expected of it develop.

‘Intelligent’ synchronizers will park machines at a pre-roll point
determined for each machine individually, and reduced to a time suitable
for the machine with the longest lock-up time. Some synchronizers may
park machines with a short pre-roll time, automatically lengthening it
incrementally if one machine cannot achieve lock until success is
achieved. This facility can be useful where a variety of machines are
expected to lock up, and the synchronizer does not recognize a particular
machine. This situation can arise when a machine is brought in from
outside.

Synchronizers may employ a compromise between locking slaves to the
master, and locking everything to external syncs. Known as auto-lock,
this system first locks the slaves to the master, to bit accuracy. Control of
both master and slaves is then passed to an external reference (Figure
9.4b). This obviates the possibilities of wow and flutter being introduced
to the slave transport system from the master. When using auto-lock it is
important that the master (usually the videotape recorder) and slave are
locked to the same sync source. If a machine is on internal sync it may
drift out of sync with the others and the edit will fail.

R-DAT machines used for lay-offs within a video post-production suite
will achieve synchronization faster if they are fed with reference syncs
(genlocked).

The ESbus

Communications between the various elements of a post-production suite
have traditionally been specific to individual manufacturers, with the
user unable to transfer such data as EDLs between different editing
systems. However, the EBU and SMPTE have agreed a common standard
for communication, known as the ‘ESbus’. This standard specifies the
manner in which individual elements are connected together, signal
levels, connectors to be used, data rate and protocol. The complete specifi-
cation is extremely comprehensive, and is laid down in EBU TECH-3245
and SMPTE 207M, and their various supplements which deal with the
application of the ESbus to videotape machines, audio recorders and
telecines. The ESbus system is based on the concepts of “distributed
intelligence’ and ‘virtual machines’. With distributed intelligence,
individual devices interpret and act on the information received, their
individual controllers attending to such matters as machine ballistics and
locking to syncs. Timecode is not sent as a part of the data stream, but as
a time address sent to a machine’s controller for action. All machines are
referenced to a common sync signal called ‘Timeline’. This may be
derived from a common external source, or be generated internally by a
machine synced to a common reference. In this way, messages sent
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through a system can be kept to a minimum. A virtual machine is an
individual machine addressed via its associated controller. This may be a
remote-control panel or a synchronizer.

The interface between a virtual machine and the system is called a
‘tributary’. The tributary transfers messages to and from virtual machines
according to a fixed protocol. Each virtual machine will act on appropriate
messages, received from other tributaries, the whole being regulated by a
‘bus controller’. Figure 9.5 illustrates.

Bus controller Tributary
Controlled
virtual —
machine

S
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X w
Tributary E
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Controlled )

virtual < Tributary

machine

Controlled
virtual pr—rif
machine

Tributary

Controlled —_I._J

virtual

machine Cllornmon
time
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Figure 9.5 The ESbus system controls individual machine via interfaces
(tributaries). According to system needs, common timecode, sync, MTC etc. will
be required as ESbus communication data do not carry these on a continuous
basis, but as individual ‘go-to” or ‘event’ addresses.
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ESbus messages

There are two types of ESbus message, ‘virtual machine’ and ‘system
service’. Virtual machine messages pass data between individual virtual
machines, and result in either action or response (reply) from the device
called. System service messages control the whole system. Data are
transmitted asynchronously in serial form at 38.4 kbaud, using RS422
interconnection standards. Each message consists of a series of 8-bit bytes,
each preceded by a start bit and followed by a stop bit. The LSB is
transmitted first. The connectors used are 9-pin D-type. If twisted-pair
telephone cable is used, terminated in 100 Q, a 1200 m cable run should
be possible, though the runs should be kept as short as possible. Typical
messages will be Time data, Orders (commands) and Status. Time data
messages will be used as a reference by the virtual machine controller
section, and will consist of standard timecode addresses. Offsets may be
sent, and for audio machines these may contain trimming information
down to 1/100 frame. User bit data may also be sent. The messages are
not sent continuously, but in response to a command, which will be
actioned when the timeline address corresponds to the time data message
previously received.

Commands will be used to control a machine, which will respond with
a status message by way of acknowledgement. The machine controller
will attend to the detail of implementing the command and issuing the
status message. Orders include such commands as go to, play timecode
source, track select etc. Whenever an order is sent a response is required.
Status information is sent by a virtual machine’s controller to the system
in response to an order. It indicates the activity of the device (stopped,
record enabled, playing etc.).

The big advantage of the ESbus over manufacturer-specific systems is
that only the controllers associated with individual machines need to be
ESbus-capable. This means that, for instance, an ESbus synchronizer can
be used with a variety of machines as long as it will interface.
Synchronizer manufacturers usually provide machine-specific interface
software to cover a wide range of machines at the time of purchase.
Updates are available at reasonable cost, so a system may grow with
relative ease. Figures 9.6 and 9.7 illustrate a typical small ESbus audio
post-production installation. The top synchronizer is the bus controller,
the tributaries are interfacing with R-DAT and multi-track machines.

Synchronizer features

It is essential that a synchronizer for audio post-production should allow
a tape to be slipped out of sync by a controlled amount, not just by an
integral number of timecode frames, but by timecode bit increments.
Synchronizers should also have the option of hard or soft lock. Hard lock
will follow the master timecode precisely; soft lock will ‘flywheel’ over
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Figure 9.6 Audio Kinetics ESbus synchronizers. The top module is the master.

Figure 9.7 ESbus synchronizers controlling multi-track and R-DAT machines
from a VCR master during audio post-production.
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any momentary loss of code and timecode jitter. It can be useful to alter
the slew rate in soft lock to permit the best compromise between picture/
sound synchronization and minimum audio disturbance. For example,
lip-sync requires sync accuracy of better than a frame; but speech is quite
tolerant of small degrees of wow. Music, on the other hand may be more
tolerant of small picture/sound sync displacements, but is not tolerant of
WOW.

It can be useful to trim the offset value of timecode down to bit
accuracy, particularly ‘on the fly’ (i.e. dynamically), and for this fresh
value to be loaded automatically into the synchronizer for recalculation of
the ‘in” and ‘out’ points. The term ‘offset’ commonly refers to whole
(integer) timecode frame shifts, whereas the term ‘trim” commonly refers
to shift of a fraction of a frame. All synchronizers should be able to read
tachometer pulses if any serious audio post-production is to be
undertaken. They should also be capable of preventing tape run-off at the
end of a reel during spooling. This latter facility should not be needed, but
even in the best-regulated world there will still be occasions when
timecode has not been recorded contiguously on the master tape, and the
slave machines may try to spool through, counting tacho pulses. In this
respect, if there is a hole in the timecode addresses the slave machine will
have to be taken past the point manually. Unless you are particularly
unlucky there will be sufficient contiguous pre-roll timecode the other
side of the hole. If not, re-stripe and enter in the new offsets.

An automatic cycling facility will allow an edit to be rehearsed using a
play-rewind-play sequence between edit points, or rather between pre-
and post-roll points. Coupled with dynamic offsetting and trimming of
the slave machine(s), this can be a great help in speeding up the editing
process.

Synchronizers can also be set with pre-determined timecode limits.
This will prevent a tape spooling off unexpectedly.

Synchronizer problems

If a tape spools unexpectedly, if it spools in the wrong direction, if the play
speed varies unexpectedly, you should suspect one of the following
causes:

1 No timecode present
Gaps in the recorded timecode
Timecode is not contiguous

The synchonizer is not set for the machine concerned

G s W

The machine is not under the control of the synchronizer
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6 Timecode addresses on the master are not ascending
7 Synchronizers and video machine set at different frame rates

8 The play speed and timecode speed of the slave machine are different
(e.g. slave playing at 38 cm/s; timecode striped at 19 cm/s)

9 Synchronizer not programmed with correct tacho pulses data

10 Machine not playing at correct speed for tacho pulses loaded into
synchronizer

11 Unwanted offsets in the slave synchronizer(s)
12 Time address limits (if available) not set

13 Different VITC and LTC time addresses on the working copy of the
video edit master

14 The R-DAT player is set to a different clock rate from that used to
record the tape

If timecode is present but not being read correctly check the following:
1 Dirty timecode heads
2 Unregenerated code coming off tape
3 Timecode at incorrect frame rate
4 Timecode low in level

5 Timecode corrupted

On this last point, timecode is usually recorded on track 24 of an audio
multi-track machine. Do not route it through the desk. Opening the
wrong fader may be disastrous; there is the possibility of the output
crosstalking onto audio, and of audio crosstalking to it, and audio may be
inadvertently routed to the same bus as timecode, corrupting it. If an edit
keeps aborting, check the following:

1 Pre-roll times are long enough for the slowest slave to lock-up

2 Synchronizers and master videotape machine are all fed with the same
reference

3 Master videotape machine set to external syncs
4 Contiguous timecode present during pre-roll

5 Contiguous timecode present during the edit (if the synchronizers
require this)
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DAT in digital post-production

As we saw in Chapter 4, DAT machines handle incoming (and outgoing)
timecode by conversion via lookup tables. As a consequence they are
extremely versatile, being able to accept just about any known frame rate.
Unfortunately this degree of flexibility can have its disadvantages in post-
production as the timecode off tape behaves as if it were recorded on a
longitudinal analogue track, but in fact has been recorded digitally, with
all the implications of having been organized into packets and been
referenced to either the record DAT’s internal clock or to some external
clock or sync feed. Problems can arise if the record DAT was recording
timecode off the camcorder and not synced to corresponding video. As
Figure 9.8 illustrates, the synchronizer in the dubbing suite will try to
keep timecode off tape running synchronously with the master timecode
by varying the play DAT's speed, whereas the DAT play speed is
governed by the wordclock generator or SPG that is the reference for all
equipment in the suite. If, at the time of recording, timecode was not
synchronous with video the DAT player has a dilemma in that it cannot
run its capstan at two different speeds simultaneously.

There are ways round this problem, but each has its own shortcomings.
The play DAT can be hardlocked to the timecode from the synchronizer,
but this leads to distortion, especially on steady tones, as the audio
sampling rates between machine and desk differ. The play DAT could be
hardlocked to wordclock until the timecode has drifted by a frame, when

Pinchwhes! %
Head drum
con @

Capstan and head drum servo systems
Reference signal Reference signal
from extemal imecode from extemal wordsync

Figure 9.8 In post-production the digital player’s servo system receives sync
information from both external timecode and wordsync. If the two sources are
not synchronous problems will arise since the machine cannot run at two
different speeds simultaneously.
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the DAT’s synchronizer will bring it back in sync with the video,
accompanied by severe corruption to the soundtrack (blasts of noise).
Auto lock (Chase-off) could be used, whereby the DAT machine will
chase and lock to the synchronizer then free run at its own speed, with the
timecodes drifting slowly apart. As a last resort the analogue outputs of
the DAT could be digitally copied by feeding them through the analogue
inputs of the desk. There will be a generation loss of quality but this is
unlikely to be noticeable.

Timecode and stereo pairs

With a 24-track audiotape machine it is possible to record 10 stereo pairs
(track 24 is timecode, track 23 is guardband, track 1 is unused edgetrack,
track 2 is spare). When more stereo pairs are required another 24-track
machine can be run in synchronism, both machines being locked together
by separate synchronizers. Chase mode synchronizers are not suitable for
this, as they will try to follow any speed variations in the master. Sets of
stereo pairs having a significant proportion of common phase-coherent
information should not be placed on separate machines. The machines are
best locked by some form of control sync process, so that, once synchro-
nized, they lock to a common and stable reference. Any offset introduced

into the synchronizer of one machine should also be entered into those
controlling the others.
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CHAPTER 10

Timecode and non-linear
post-production

This chapter has been the most difficult to write for this third edition, not
because the subject is intrinsically difficult, indeed manufacturers of data
management and non-linear editing systems have been spe‘ctacularly
successful in making their products intuitively easy to use. No, it has been
difficult to write because of the enthusiasm these products have
engendered in the author! I have tried to avoid turning this chapter into a
pocket textbook on how to edit, and Thope I have been successful, but any
discussion of timecode application in video-assisted film post-production
is bound to touch on the business, if not the art, of editing.

What timecode to record

In the Preface to the second edition of this book timecode was likened to
a ‘business manager’, and like any business manager it can do its job most
efficiently if it is involved, and thought given to what type/s of code are
to be involved, at the very start of a project, no matter how simple the
making of the finished product is likely to be. It is also ac.lvantageous to
appreciate just how non-linear editing systems handle timecode when
material is digitized. ' _
Non-linear systems vary in their timecode requirements. Some will
accept only LTC, some are happy with either LTC or VITC, and yet others
will call for — and accept — timecode in the ESbus data se.nt down the
RS422 (9-pin) interface used to control the VCR or Telecmg remotel}_a
Some non-linear editors will not accept LTC directly, but will record it
onto one of the audio channels, from where it can be loaded into their
databases. At the time of writing no non-linear editors will accept raw
KeyKode® data straight off the telecine, though will accept.databases
containing such codes generally externally. Most non-linear editors allow
material to be loaded in (digitized) without timecode, in which case
timecode data will have to be entered for both pictures and soun.d if
accurate EDLs are to be generated. If timecode data is not sent at t_h’e time
pictures and sound are digitized it will be a great help.if ‘burnt—u} code
(BITC) is displayed within the picture area, and (if appropriate) a
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matching picture and sound slate is placed at one end or the other of each
take. Most non-linear editors can display audio waveforms so a tone slate
will greatly ease the synching of sound with picture.

Non-linear editors do not, by and large, store timecode data on a frame-
by-frame basis — it takes up valuable memory. Instead they load the time
address of the first selected frame of a take, and from there onwards
calculate the time address, when needed, using the frame count from the
last event as an offset. To this extent, it is usually regarded as good
operational practice to set any timecode break detection to ON. If set to
OFF when digitizing the result could be an inaccurate EDL, as the discon-
tinuity in the code will be ignored.

Options are also available for the loading of the start KeyKode®
number of the take, and again there are differences between non-
linear editors as to how this is handled, and for the form in which the final
EDL will be presented on disc. Thought should be given as to how any on-
line video edit or negative cutting is going to be undertaken. The organi-
zation/s undertaking these tasks should be consulted before the
non-linear process is begun, and manufacturers of non-linear editors are
invariably encouraging when it comes to asking advice. After all they
have a vested interest in making their systems as trouble free as possible.
One manufacturer, with a refreshing honesty that does them credit,
acknowledges that at the time of writing everyone involved with non-
linear editing is on a fairly steep learning curve, and that there are several
data and material handling and management strategies available to
progress the route from loading raw stock and blank tape into cameras
and recorders to the presentation of the final product on videotape
and/or film.

Basic organization of film production using non-linear
editing

The organizational principles are the same for both traditional film
conforming and non-linear editing to produce a cutting list. Briefly, the
following steps are involved:

1 Negative is shot in camera.
2 Negative has edge number to uniquely label every frame.
3 A print is made from the negative. This also carries the edge numbers.
4 The print is edited to produce a cutting copy (pull list).
5 The negative is cut to match the cutting copy (including any lab
process work such as dissolves etc) using the edge numbers as a guide.
6 A final release print is made from the cut negative.
Figure 10.1 illustrates the process. The key to the whole process is that
each frame of film has a unique Label to identify it. As long as the labels
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on the original negative and the cutting copy are identical, the conformed
cutting list will be what the film editor wanted.

NEGATIVE

PRINTY

CUTTING
COPY

d s

CUT NEGATIVE

SHOW PRINT

Figure 10.1 The basic process by which film is post-produced. Courtesy of
Lightworks Editing Systems Limited.

In non-linear editing the processes are similar, but powerfu‘l data
management systems allow the editor to perform the cuts (and a .ln?uted
but growing number of special effects) non-destr}xctiveiy, permitting a
degree of experimentation along ‘what if’ lines with an ease that is not
possible on film. The data management systems track the various
timecodes (original Aaton/Arri, KeyKode®, recorder), check for errors,
match pictures and sound shot at different timecode frame rates, and
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produce EDLs and cutting lists in a variety of formats to suit most online
film and video conformers.

As stated earlier, there are many ways of arriving at the final product
from the insertion of raw stock into camera and blank tape into recorder.
One option could be as follows:

1 Telecine transfer film neg or print to videotape.

2 Create databases to hold and manage the relationship between the film
codes (e.g. KeyKode®) and video codes (this can be done on most non-
linear editors).

3 Convert databases into a form that the non-linear editor can handle (if
not done on the non-linear editor).

4 Record video into non-linear editor (this may be automated using the

database to control the play VCR).

Do the edit.

Merge the various databases (can be done on the non-linear editor).

Produce cutting list from the database/s.

Print the cutting list.

(OB e NS )]

Label options

Labels are the means by which individual frames of film or videotape,
and the corresponding audio tracks (either analogue or digital), are
identified. Traditionally, electronic editing has treated these labels as
separate entities, but it is more helpful if they are thought of generically,
with in-camera code, timecode and edge-codes (such as KeyKode®) being
thought of as examples. It is also helpful for non-linear editing if timecode
is regarded as a label to identify a film or video frame, and not time as
such.

Edge numbers

These are recorded as latent images on the film stock. As they carry a code
that uniquely identifies the film reel as well as frame number, these codes
uniquely identify each frame of film. They are both machine and human
readable once the stock has been developed. Edge numbers cannot be
used to label sound since they are unreadable on unprocessed film.

Timecodes

Used as labels on both videotape, film and audiotape, they do not
uniquely identify every frame as they repeat every 24 hours, and may not
carry information about the camera number. The reel or camera number
can be placed in the ‘hours’ digits, the data can be placed in the user bits
(see Appendix 7), and at the time of writing there are developments in the
ways in which non-linear editors are able to handle user bits information.
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It helps if the sound is shot at the same timecode frame rate as the
video, as it simplifies the digitizing process, but it is not essential —
remember that non-linear editors only regard timecode as a label to
identify the first frame of a take - think of audio tape as something that
runs at 7.5 inches/second (or whatever) and not as so many frames/
second.

Camera code

Both Aaton and Arriflex use in-camera labelling of film. The labels are
recorded as latent images at the time of shooting, and identify each frame,
though only Aaton code identifies the date and camera number in the
time data. If date and camera number are not recorded with the time data,
they should be placed within the user bits, or logged separately, and
burnt-in for the digitizing process.

Rubber numbers (Acmade or Ink numbers)

Where picture and sound are synched up on film print and sepmag, the
sync rolls are stamped with rubber numbers (Figure 10.2) to help
maintain sync during film cutting.

Syncing options for sound and pictures

As picture and sound are recorded on different media, thought needs to
be given as to how they will be combined for editing. For non-linear
editing a number of options are open:

1 Film negative/print and segmag sound can be synced up prior to
telecine transfer.

2 Film and segmag sound can be synced up in telecine. The process can

be automated using camera-generated codes if they correspond.

Synchronization can be done on videotape, using an edit controller.

Sync can be achieved at digitization (chase sync).

5 Sound can be synced to picture within the non-linear editor (most of
which have easy to use utilities or ‘tools’ to achieve this, and will also
give a visual indication when sync has been lost).

= W

However syncing up is achieved, it is important that all the labels will
allow accurate tracking back to the original pictures and sound. Each of
the above methods has its own pros and cons (invariably trading off
simplicity against cost) and it is helpful if either the non-linear manufac-
turer is approached for advice, or specialist advice is sought at an early
stage from a specialist organization, such as a sync suite. A variety of such
organizations exist, often using relatively cheap audio workstations (with
professional quality sound) and simple edit controllers, and usually
equipped with a range of DAT, Beta, Nagra or even disc-based recorders
such as SADIE.
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Figure 10.2 Super 16 print showing rubber numbers.
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Maintaining labels
There are two basic strategies for maintaining the labels during non-linear
post-production:

1 Store the various labels in a separate database (such as Excalibur or
OSC/R) and digitize together with a single timecode such as LTC or
VITC (or if available use the facility to have it sent down the RS422
interface). The database must generate matching lists so that the
various label types can be correlated to produce the cutting lis‘t. o

2 Place all the labels somewhere on the videotape prior to digitizing
(only possible if the non-linear editor is able to handle data placed in
the timecode user bits).

Whichever method is chosen it is essential that, for the pictures,
KeyKode® and/ or rubber numbers and /or camera code plus camera roll
or date, and, for sound, rubber numbers and/ or timecode plus sound roll
or date are maintained. It is also helpful if the videotape reel ident is
available on the database for cross-checking.

Film Keycode Video Reel No
Transfer Timecode

y A V7

S N\ NN

R TENENENaS

KJ 23 1234 5677406
10:04:06.02

—— Audlo Reel No

PICTURE AREA

94/04/08 14:16:18.20 Camera Num

169T2 10:04:06.02 O Rec |[V]

Camera Code

Date
Camera (Am or Aaton)

Figure 10.3 ‘Burnt-in’ display on a non-linear editor, displaying t.he_various
time- and film-codes. Courtesy of Lightworks Editing Systems Limited.
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If a separate database is created prior to loading into the non-linear
editor, it will be converted by the editor into a form that can be used, but
it must be in a format and disc operating system that the editor can read.
Most non-linear editors accept a range of database files, and the manufac-
turer can usually give advice as to whether or not a particular database
format is acceptable. Aaton’s Keylink, Evertz’'s Keylog, FLEx, Keyscope
and FilmLab’s Excalibur are commonly acceptable. If commercially
manufactured databases are not an option, one can usually be created on
the non-linear editor, often ‘customized’ from one of a range of standard
templates provided.

Whether you write information into your database manually, or create
it automatically, do remember that the accuracy of the final product will
depend on the accuracy of the information held in that database, and (if
used) the accuracy of any burn-ins. Figure 10.3 shows an example of a
non-linear display of a ‘burn-in’ plus timecode label, and Figure 10.4
illustrates a typical film database display.

24 fps pictures in PAL

In the past, there has been much confusion about how pictures shot at
24 fps are handled by non-linear editors that work at 25 fps. Possibly the
confusion arose because non-linear was a new technology for many, and
few editors appreciated that timecode addresses were used mainly as
labels to identify starts of shots. Handling film material shot at 24 fpsisin
fact quite simple.

The telecine transfer is done at 25 fps, straight frame-for-frame. This
ensures that each film frame has a corresponding video frame. If sound is
synced up prior to digitizing (options 1, 2, 3 and 4 on page 181) it should
be played in at 25/24 times its original speed. This is possible on some
analogue machines, some recent DAT machines and on earlier digital
machines if a correspondingly higher speed word-clock can be provided.
If sound is to be synced up in the non-linear editor (option 5 on page 212
or wild track) it should be played in at its original speed. As the non-linear
editor will record pre-synced pictures and sound at 25 fps and replay
them at 24 fps they will remain in sync. As the editor will record pictures
at 25 fps and replay them at 24 fps, separate sound recorded at 24 fps will
maintain sync.

If the option to play sound in at 25/24 times its natural speed is not
available, it can be digitized at its natural speed, and it will run at a
slightly lower pitch in the editor. Keeping track of the timecode addresses
is not a problem since, as we saw earlier, time addresses are used simply
to label the selected starts of takes.
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24 fps pictures in NTSC

In Chapter 5 the business of transferring film shot at 24 fps to 30 fps video
using 3/2 pulldown was examined. Some non-linear editors ignore the extra .
pulldown fields when digitizing, on the basis that these cause movement to .
appear somewhat jerky. To ignore these extra fields the system must know
where they are located. This it usually does by examining the timecode at
the sync point and calculating the pulldown fields for the rest of the clip
from this point. This can be done automatically on some external database
generation and management systems, or by examining a few frames over
the sync point on the VCR and checking whether the timecode changes in
value from field 1 to field 2. If the film frame at the sync point has been
keypunched prior to digitization life will be easier:

For an A frame: There will be two keypunched fields, timecode value
will not change from field 1 to field 2. |

For aB frame:  There will be three keypunched fields, timecode value
will change between field 2 and field 3.

For a C frame:  There will be two keypunched fields, timecode value
will change between field 1 and field 2. |

ForaD frame:  There will be three keypunched fields, timecode value
will change between field 1 and field 2.

(8]
—
LLE
=
L
Q
o

Digitizing without timecode

If material (sound or vision) is recorded into a non-linear editor without
timecode, this need not pose a problem as long as BITC is present. The first
frame of the sequence can be located (non-linear editors have a utility for
this), and in the case of sound reels, Digital timecode slate is a great help in
locating the sync point) and its BITC value placed in the database (again, non-
linear editors have simple to use utilities to do this). In this respect it is worth
bearing in mind that some non-linear editors have a BITC facility, which will
provide a BITC display, with options as to how much detail is displayed and
where it will be positioned on the screen, the value/s being calculated from
the labels provided at the time material was digitized. Obviously this facility
will not work if no accurate timecode was logged in at digitization, but it can
be of use in synching and labelling sound to pictures. |

KJ2312345677+6

Creating logging databases externally

If you are going to create a logging database prior to digitizing, and
import it into the non-linear editor it will be important to check the
following points:

Figure 10.4 A typical film database display on a non-linear editor. Courtesy of Lightworks Editing Systems Limited.

@ Will the non-linear editor support the particular database? All non-
linear editors are evolving, as are database management systems.
Check with all organizations involved in the database creation and
transfer (including the manufacturers) if you are unsure.
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e TanuFacturar Faafon 5. T equipfiayiTeE. [Hiedien sy = axaito Different nqn—hnegr edltors require their externally generated databases |
010 Title SOUP AXIS TRANSFER FILE to be provided in different formats. All, however, will require the .
012 Shoot Date 02-06-95 Transfer Date 02-02-95 information regarding video and sound parameters (e.g. 25 fps, 48
100 EAit 0001 Field Al PAL kHz digital), a header that describes the database layout, and the entries
110 Scene Take Cam Roll 9 Sound 10:21:27:22. : . s =
120 sorpt themselves. Figure 10.5 illustrates a part of a typical logging database and
200 16 25.00 000001 000008+17 Key EASTM KL265232 004129401 p ; : . :

300 Assemble 00000001 At 01:00:25:09.0 For 00:00:07:02.0 Figure 10.6 illustrates three options for logging edge-number and
o et nons —— timecode during film-to-videotape transfer.
110 Scene Take Cam Roll 9 Sound 10:26:10:16.
120 Scrpt
200 16 25.00 000001 000009+05 Key EASTM KL265232 004139+11 p
300 Assemble 00000001 At 01:00:33:19.0 For 00:00:07:10.0 K‘”‘”";"d“’"‘“ u
100 Edit 0003 Field Al PAL ==
110 Scene Take Cam Roll 9 Sound 10:54:54:08. Everz
120 scrpt S16mm 015
200 16 25.00 000001 000029+08 Key EASTM KL265232 004150+04 p pry il pos ns232
300 Assemble 00000001 At 01:00:42:07.0 For 00:00:23:13.0 P AT

Computer

A+
100 Edit 0004 Field Al PAL Y To1sF
110 Scene Take Cam Roll 9 Sound 11:05:35:11.
120 Scrpt Timecode Generaios ]
200 16 25.00 000001 000030+02 Key EASTM KL265232 004181405 p forfn une
300 Assemble 00000001 At 01:01:07:03.0 For 00:00:24:02.0 Keyboard
100 Edit 000S Field A1 PAL (a) sk roa
110 Scene Take Cam Roll 9 Sound 11:07:04:21. o
130 Sorpe B= iz i, <=
200 16 25.00 000001 000029+05 Key EASTM KL265232 004212+417 p
300 Assemble 00000001 At 01:01:32:10.0 For 00:00:23:10.0
100 Edit 0006 Fleld Al PAL Aaton Reading
110 Scene Take Cam Roll 9 Sound 11:22:50:16. Head vou
120 Scrpt
200 16 25.00 000001 000036+00 Key EASTM KL265232 004244405 p
300 Assemble 00000001 At 01:01:57:13.0 For 00:00:28:20.0 ”
mm
100 Edit 0007 Field Al PAL Dual = Excalbur
110 Scene Take cam Roll 9 Sound 11:24:09:04. A
120 Scrpt Computer
200 16 25.00 000001 _ 000053+17 Key EASTM KL265232 004281+11 p I
300 Assemble 00000001 At 01:02:27:09.0 For 00:00:43:02.0 i T
100 Edit 0008 Field Al PAL ‘ -
110 Scene Take Cam Roll 9 Sound 11:26:27:05. Yooar
120 Scrpt @
200 16 25.00 000001 000073+05 Key EASTM KL265232 004337+11 p =2 Fiex Fitas % eiras
300 Assemble 00000001 At 01:03:12:04.0 For 00:00:58:15.0 (b} i @IZD Koplog Fiies &=
Facalibur Files
100 Edit 0009 Field Al PAL
110 Scene Take Cam Roll 9 Sound 11:34:57:00.
120 Scrpt
200 16 25.00 000001 000036+04 Key EASTM KL265232 004412405 p Al Reading
300 Assemble 00000001 At 01:04:11:23.0 For 00:00:28:24.0 Head ApermannsVoha
Separale TCISF TCG wih 3
100 Edit 0010 Field A1 PAL A"é aplional buil-in I
110 Scene Take Cam Roll 9 Sound 11:56:03:04. Decoder Airi Decoder
120 Scrpt S16mm | T ! -
200 16 25.00 000001 000026+02 Key EASTM KL265232 004450406 p a5mm | TC15F — Excalibur
300 Assemble 00000001 At 01:04:42:09.0 For 00:00:20:22.0 : —
Computer

. . g = . taining information on ; Use either separate Arri decoder I

Figure 10.5 Printout of a typical film logging database con g : aUse Sithenesars i dacoderd
time, footage, roll number, scene, take and date. Courtesy of Wren with built-in Arri decoder Keyboard
Communications.

F L]
(C) @Q Kﬁo;“ru., <
) . Excalibur Fllas
e Will the negative cutters be able to read the pull-list that will eventu-
ally be created? " . .
) - . Figure 10.6 Three options for logging time/ footage data: (a) using a film-use

® What time/film data is to be handled at each stage of the post-produc- 18 p ) gging / g (a) using :

. { tust for pictures but also for sound? Ensure that all timecode generator, (b) using an Aaton computer such as Keylink, (c) using a
tion process, not just for pi Lo datab : timecode generator with built-in Arri Decoder. Courtesy of Filmlab Systems
relevant codes are loaded into the database. International Limited.
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Working with external databases

It has been the creation of powerful data management systems that have
‘empowered’ timecode. Systems such as Excalibur, Keylink, Keylog etc.
are more than just databases. They can play a key part at any and every
stage of film-with-video-assist post-production. They can not only store
time- and footage-related data for film, video and audio tapes, but will
handle roll numbers, date, camera number and position (set-up), carry
PAL field and NTSC pulldown field information, and even provide a
means of logging information needed by the colourist. They may generate
VITC for the video that will be digitized into the non-linear editor, and
even log external GPI events such as might come from the telecine’s
colour controller, such as Pogle®. Not all of this data can be transferred
with the video, certainly not in the user-bits of a single frame of
traditional timecode. One manufacturer arranges for all this data be
carried as ‘tags’, stored in three VITC lines (lines 19, 20, 21), within the
user bits of one VITC line, with another line (the KeyKode® line) carrying
edge numbers in full, and the third line (the real-time line) carrying time-
of-day. Figure 10.7 illustrates a typical display provided to a colourist at
the end of a transfer session.

Filmtitle : Shadows in the shade Production id : AACO003
Lab. spool : 910004 Post-Lab /London Transfer date : 93040109:59:40
Video tape #: 048 (25fps PAL) Data base file : AG910004.TO1

day filmtime video tc keycode

Ev 001 scene 32A 920424 11:26:46+17 01:42:21:18 KM090106 3591+08
snd 026 take 05 cam0853 11:28:12+13 01:43:44:03 XKM090106 3694+08
one stop under-exposed

Ev 002 scene 33 920424 11:28:25+08 01:44:57:24 KM090106 3695+14
sSnd 026 take 01 cam0853 11:30:15+22 01:46:44:03 KM090106 3828+08
Reverse shot, low angle, better than last take, sound may be N.G., light red

Ev 003 scene 33 920424 11:30:46+10 01:47:42:02 KM090106 3828+09
snd 026 take 02 cam0853 11:32:30400 01:49:21:13 KM090106 3952+15
sound OK

Ev 004 scene 34A 920424 11:32:41+17 01:50:01:13 KM0S0106 3954+03
snd 026 take 01 cam0853 11:33:32+13 01:50:50:08 KM090106 4015+03
check foreground focus

Figure 10.7 At the end of a session the colourist can view and print the details of
the transfer. Courtesy of Aaton des Autres.

With much television material being shot on film (for quality, the film
look and the wide-screen format) for later mastering onto videotape, data
management systems can be used at all time- cr1t1ca1 stages of post-
production; for negative logging, providing an edge-number edit list for

a rough-cut assemble of the negative and, after assembly of the rough-cut,
an accurate EDL for auto-conforming the on-line. Figure 10.8 illustrates a
typical sequence of operations.

ON-LINE
AUTO-CONFORM
OF MASTER VIDED

MASTER
oPErAmONS Exéalibur e

Figure 10.8 Options for film-to-video post-production using a data management
system. Courtesy of Filmlab Systems International Limited.

When the final product is to be released on film, data management
systems can be involved at the initial logging of the negative; for later
conversion of the off-line video EDL to a matching KeyKode® list; for
organizing a frame-accurate cut list for providing the check print; and
lastly for providing any modified cut list for the fine-cut of the source
negative. Figure 10.9 illustrates two typical film-to-film post-production
processes.

CHECK
EDITED PRINT

/ NEGATIVE /ﬁ
P e S
i %S RAUSHES DUPE NEG
/\‘ @ Converr . q
el ToREoDE \\. \
*—o g’! —aZ
S —e
CAMERA \ GAADED
ns:gﬁ ORIGINAL imecu‘! e
NUSH
Sped nw @ NEGATIVE
0T —"q —
—Q PR\NT WQRK PRINT

EXCALIBUR
OPERATIONS

Excalibur

Figure 10.9 Options for film-to-film post-production using a data management
system. Courtesy of Filmlab Systems International Limited.
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Doing away with the external database

Top-of-the-range non-linear editors no longer require external databases
for the management of time and footage codes. Camera and Telecine
manufacturers provide options that permit 3-line VITC to be encoded
onto the videotape at the time of transfer from Telecine, and non-linear
editor manufacturers have developed a range of ‘template’ options for
internal database management systems. The data thus encoded into 3-line
VITC (see Chapter 5 and Appendix 8 for details) can be loaded into the
non-linear editor at digitization, being carried either in the video signal to
be digitized, or via a separate physical link. Once in the editor, internal
database management systems, coupled with EDL and cutting list genera-
tors can provide just about any option required.

The future?

Manufacturers of non-linear systems are working on increasing the time-
data options that they can accept during digitizing (as opposed to relying
on databases generated externally), more and more routes are being
mapped out for the journey through film-to-film and film-to-video post-
production. Video with 3-line VITC is now available to the non-linear
editor straight from the camera’s video assist facility (though obviously
without key numbers). This will allow an off-line editor, on location, in
conjunction with the Director, to decide whether or not a scene needs to
be reshot for editability and/or continuity. At least one manufacturer of
non-linear editing systems is actively exploring the possibility of transfer-
ring digital audio data to audio workstations without having to do it in
real time. The same manufacturer is currently developing a database
management system that will permit sync sound to be digitized
separately from the pictures, using 3-line VITC to marry up sound to
picture within the editor, and an option to discard unwanted audio.
Finally, and perhaps most significantly, with the cost and size of memory
both coming down, non-linear editing is now becoming available in
broadcast quality.

CHAPTER 11

Timecode and the AES/EBU

digital audio interface

Introduction

Timecode has moved into new areas of use. It can be carried in the AES/
EBU digital interface and transmitted within the NICAM stereo sound
signal. This chapter explains how it is incorporated into the digital bit
stream.

AES/EBU digital interface

This interface is primarily intended to permit the sending of two
channels of stereo sound in digiral form around a studio centre, existing
traditional (balanced, twin-screened) audio circuits. Digital recorders
have the ability to accept the digital audio data in this form. Within the
code is provosion for carrying time data. This is compatible with IEC
code, though as yet there are no practical applications in wide use. One
can envisage time data in the digital audio bit stream being processed by
a database to aid post-production. Since audio is sent to the transmitters
in AES/EBU form, it would be possible to place the time data into the 11-
bit additional data word incorporated in each NICAM data block.
perhaps the data could carry some form of ‘advertised’ programme time
to automatically reporgram home videos in the vent of late changes to the
transmission schedules. The data carried in the AES/EBU digital interface
are organized into blocks, each block containing 192 frames. Each frame
is futher divided into two subframes, with each subframe carrying
alternate left and right channel audio data (though the interface does
allow for data other than audio to be transmitted). Each subframe, and the
start of each block, crries at its head a unique identifier, called a
‘preamble’. The data, with the exception of the preambles, are coded into
biphase mark form; the preambles are staright NRZ code. Figure 11.1
illustrates the process.

Each subframe consists of 32 bits. Bits 0-3 carry the preamble. This can
take one of three forms:

R@DE Exhibit 1037
R@DE Microphones, LLC, et. d v. Zaxcom, Inc.
Page 119 of 148




224 Timecode

0 34 78 27 28 31
T
i s[P
! ZlulT|a
L 1L M‘_’SAR
Preamble | S IIS Audio data S |6 ElT])
B B B (2
} <LIRIU|T
1 S|Y
X Y| Z Y X Y X

Subframe | Subframe

[e——Frame 191———+——Frame 0 ————ste+——Frame 1———»

I—‘Start of block

Figure 11.1 The AES/EBU interface assembles data in blocks of 192 frames. Fach
frame carries two subframes. Each pair of subframes comprises 32 bits. One of
these bits, STATUS, can carry timecode, referred to as ProDIO code.

1 Preamble X (11100010 or 00011101) indicates the start of subframe 1 (left
audio channel in stereo).

2 Preamble Y (11100100 or 00011011) indicates the start of subframe 2
(right audio channel in stereo).

3 Preamble Z (11101000 00010111) indicates the start of subframe 1 and
the start of the block. This is necessary for synchronization, and for
correct assembling of the time address bits embedded in the data
stream. Figure 11.2 illustrates the three different preambles.

Bits 4-27 carry either audio data alone (in the case of 24-bit-long audio
data words), or audio data preceded by 4 bits of auxiliary information (in
the case of 20-bit long audio data words).

But 28 is the validity bit. If set to logical 0 it indicates that data
contained in bits 4-27 are suitable for conversion into analogue form.

Bit 29 is the user bit. The bits in the 192 successive subframes within
cach block can be used for any purpose by the interface user. They can be

formed into 24 bytes.
Bit 30 is the channel status bit. These bits within each block combine to

form the channel status frame, which can carry time information.
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Figure 11.2 The preambles enable synchronization and identification. The
preamble code is NRZ.
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Bit 31 is the parity bit for 4-31 of the subframe (even parity is explicit in
the preamble). Even parity is employed.

The channel status frame

This frame is formed from the individual channel status bits carried in
_each subframe. There are 192 of these bits within each block, assembled
into a frame of 24 bytes, each byte having a specific purpose. Figure 11.3
illustrates these bytes and their functions. Since most of the bytes formed
by the assembled channel status bits are unconnected with either time or
synchronization they will not be described here, but a brief discussion is
glven in Appendix 6. Bytes 0, 4, 14-17 and 18-21 can carry time informa-
ion.

. Byte 0, bit 6 and bit 7 indicate the sampling frequency. This information
1s necessary to permit transcoding between time addresses held within
the channel status frame and traditional timecode or time-of-day. The
information is held in the following form:
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0 Emphasis + sampling rate
1 Channel usage
Wordlength
3 Vectored target byte from byte 1
4
Reserved
5
™
6
7 Alphanumeric channel origin data =
" 4.7 bits ASCII + odd parity
9
L
10
1 Alphanumeric channel destination data =
12 | [ 4 7 bits ASCII + 0dd parity
13
3
14
15 Local sample address code:
» 32 bits binary address of
16 first sample in this block
17
J
18
19 Timecode =
% 32 bits binary timecode of
20 first sample in block
21
s
22 Data reliability flags
23 CRC x8 +x* + x> + 1 on bytes 0-23

Figure 11.3 The 24-byte sequences of the channel status data formed from the 192
status bits associated with an AES/EBU audio block.

Bit6  Bit7
0 0 Sampling frequency not indicated.
Manual override permitted.
0 1 48 kHz. Manual override disabled.
1 0 44.1 kHz. Manual override disabled.
1 1 32 kHz. Manual override disabled.

Byte 4, bits 0-1 form the digital audio reference signal according to the
following table: :

Bit0  Bit1
0 0 Not a reference signal
0 1 Grade 1 reference signal
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1 0 Grade 2 reference signal
1 1 Not defined ~ use is reserved

A Grade 1 reference signal is derived from a sampling clock having an
accuracy of 1 ppm (part per million) or better. A Grade 2 reference signal
is derived from a clock having an accuracy of 10 ppm or better.

Bytes 14-17 (32 bits) contain the local sample address code. This is, in
effect a tape timer. Bits 0-7 of each byte send the LSB first. Details of the
code are given below.

Bytes 18-21 carry the time address sample. This is the time of day laid
down during source encoding and will remain unchanged during
subsequent processing. The time indicated is that at the start of the data
block in which the address occurs. As with the tape time bytes, LSB is sent
first in each byte. A value of all os indicates ‘midnight’, i.e. 00h 00m 00s 00f.

For both sets of time address bytes the coding is BCD. In each, the
addresses is increment up each successive channel status frame ( in effect,
each block). With a sampling frequency of 48 kHz this represents a count
incrementing up every 4 ms (192/48000). This makes conversion into IEC
timecode particularly easy in its 25 fps version, as the time address needs
simply to be divided by 10 for the count to increment at video frame rate.

The relationship between the time address code held in Bytes 18-21
and real time can be illustrated as follows, using 08h 05s 03f as an
example:

Oh 11m 05s 03f represents 736 628 frames at a 25 Hz frame rate. This is
7 366 280 x 4 ms time intervals.

Converted into binary code this becomes:

MSB LSB
00000000 01110000 01100110 10001000
(d (c) (b) (a)
These will be embedded into bytes 18-21 as follows:
Byte LSB  MSB Legend

18 00010001 a

19 01100110 b

20 00001110 c

21 00000000 d

Bute 22, bit 6 indicates the reliability of the data held in bytes 14-17, with
logical 0 indicating reliable data. Byte 22, bit 7 indicates the reliability of
the data held in bytes 18-21, with logical 0 indicating reliable data.

Alternatives for timecode in AES3 channel status

Timecode is generated at one of a number of frame rates, and really needs
to be independent of audio sampling rate. Equipment design would also
be simpler (cheaper?) if timecode in channel status were in hours,
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minutes, seconds and frames rather than requiring to be transcoded into
a ‘number of audio samples’ form, though any organization which is not
totally equipped to carry audio in AES/EBU digital interface form at all
stages of post-production might find that the complexities and cost of
transcoding are prohibitive. At least one UK organization however,
already carries time data ‘in-house’ as BCD hh.mm.ss.ff within the
channel status, though only allowing for synchronous timecode. In 1992 a
proposal (Rumsey) was submitted to the AES 5C2-5-1 working party on
synchronization which would free timecode in channel status for the need
of synchronicity.

A data byte indicates the offset between the timecode frame start and
the start of the first AES/EBU block of a new timecode frame, the first
frame in a new block being flagged with a single bit. The video frame rate
can be carried in 2 data bits. A ‘timecode unlocked’ flag could also be
incorprated to indicate asynchronous operation.

Sample address code data

Either bytes 14-17 and/or bytes 18-21, which currently carry sample
address codes, could carry BCD timecode data, using byte 22, bit 3
(currently reserved) as a flag.

28 of the 32 bits available can carry time data in BCD form, the
remaining 4 bits indicating picture frame rate and the first block of the
frame:

Bits 0-27

Frame units 4 bits
Frames tens 2 bits
Seconds units 4 bits
Seconds tens 4 bits
Minutes units 4 bits
Minutes tens 4 bits
Hours units 4 bits
Hours tens 2 bits
Bits 28-29

24 fps 00

25 fps 01

29.97 fps 10

30 fps 11

Bit 30

Set to ‘1’ in the first block of a new timecode frame

Bit 31
Set to ‘1’ to indicate timecode asynchronous with audio sampling rate
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Indication of offset

A byte is needed to indicate the offset between the start of the timecode
word and the start of the channel status block, either to accommodate
asynchronous timecode, or to accommodate 625/60 and 252/60
operations, where there is not an integer number of audio samples in a
video frame. There can be an offset of up to 191 samples. Byte 5 of the
channel status has the only space available, currently being reserved with
all bits set to zero. This byte could indicate the number of audio samples
offset between the start of the timecode frame and the start of the first
AES/EBU channel status block containing the new timecode frame value.

Currently work is being carried out by various working groups to
define the addressing structure of AES/EBU ancillary data.
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APPENDIX 1

The colour frame sequence
and timecode

The PAL 8-field sequence

In the PAL system the colour sub-carrier frequency is calculated as fsc =
(284 — 0.25) th + 0.5 fv, where fsc is the colour sub-carrier frequency, fh is
the line (horizontal) frequency, fv is the field (vertical) frequency.

This gives fsc = (284 — 0.25) x 15 625 + 0.5 x 50

=4 433 618.75 Hz.

This means that there are 4 433 618.75/15 622 = 283.751 6 cycles of
colour sub-carrier per line.

With 625 lines to each frame, there are 283.751 6 x 625 = 177 344.75
cycles of sub-carrier per frame.

Not until 4 frames have passed (177 344.75 x 4 = 709 379 cycles of sub-
carrier) do we get matching (extrapolated back) sub-carrier phases at the
start of the first line of each frame.

Another way of looking at the matter is to say that 709 379/283.751 6 =
2 500 lines = 4 frames (8 fields).

The NTSC 4-field sequence

The NTSC system does not employ the line-by-line phase alternation of
the PAL system, so the mathematics is simpler.

In NTSC,
fsc =3 579 545 Hz
fv =29.97 002 617 Hz
and there are 525 lines per frame. Therefore there are 3 579 545/(29.970
026 17 x 525) = 227.5 cycles of sub-carrier per line.

With 525 lines per frame there are 227.5 x 525 = 119 437.5 cycles of
subcarrier per frame. Therefore, not until 2 frames (238 875 cycles of sub-
carrier) have to pass before we get matching (extrapolated back) sub-
carrier phases at the start of the first line of each frame.

Another way of looking at the matter is to say that 238 875/227.5 lines
=1 050 lines = 2 frames (4 fields).

The colour frame sequence and timecode 231

The relationship between the colour sub-carrier and the video sync
pulses is complicated. However, it must be respected during video editing
if picture disturbance is to be avoided. For NTSC, SECAM and simple
editing in PAL the sequence cycles over four fields. In more complex
(invisible) editing in PAL an eight-field sequence must be respected.

These sequences can be accurately followed by using the timecode
signal as a guide. This can be done only if there is a known relationship
between each timecode word and the position of its associated frame in
the sequence. The IEC has established a standard for this relationship for
PAL, SECAM and NTSC systems.

The 625/50 field sequence

When a timecode generator is locked to the 8-field sequence then the
remainder (R) obtained from the equation R = (S + F)/4, where S is the
number of seconds and F the number of frames, will be
0 for fields 7 and 8
1 for fields 1 and 2
2 for fields 3 and 4
3 for fields 5 and 6

Let the bits of the longitudinal timecode word be labelled
bit0=A
bit16 =B
bit1=C
bit8=D
bit17=E
bit24 =F

For correct colour framing of timecode in the 4-field sequence (SECAM
and simple PAL editing):

fields 1 and 2 shall occur when A@B =1

fields 3 and 4 shall occur when A@B =0

where + represents the exclusive-OR function.

Thus the first field of the day at 00h 00m 00s 01f has A=1B=C=D =
E=F=0,andA+B=1

At0%h 11m 035 07f, A=1B=1and A®B =0

At12h22m 10s 12f, A=0B=0and A®B =0

At21h59m 475 10f, A=0B=1and A@B =1

For correct colour framing in the 8-field sequence, the same conditions
as above apply, together with the following relationship:

fields 1 — 4 shall occur when (A®B) PCO®DPE®@F =1

fields 5 — 8 shall occur when (A + B)@CO®DP®E®F =0

where + represents the exclusive-OR function.

If the timecode is displayed in decimal numbers, let S and P designate
the values of seconds and pictures respectively.
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The 4-field condition is met when

(S + P)/4is odd for fields 1 & 2 and fields 5 & 6

(S + P)/4 is even for fields 3 & 4 and fields 7 & 8

The 8-field sequence is met when in addition to the above the
remainder on dividing (S + P) by 4 is:

0 for fields 7 & 8

1 for fields 1 & 2

2 for fields 3 & 4

3 for fields 5 & 6.

Editing in SECAM

In the SECAM system the two colour sub-carriers (having different
frequencies) are modulated on alternate lines by two signals, designated
D’b and D’r. For correct colour framing of timecode, frames in which the
second field begins with a line having sub-carrier modulated by Db,
require the sum of the numbers of frames and seconds in the associated
timecode address to be odd.

Where the second field of the frame starts with a sub-carrier modulated
by D’r then the sum of the numbers of frames and seconds is even.

The relationship can also be defined as follows:

Let bit 0 = A; bit 16 =B

Then the timecode generator must be locked to the video so that

A®B =1 for fields where line 24 (or 336) is modulated by D'b

A@® B = 0 for fields where line 24 (or 336) is modulated by D'r

Editing in NTSC

For correct colour framing in the 4-field sequence, even-numbered frames
will contain fields 1 and 2, odd-numbered frames will contain fields 3 and
4. Fields 1 and 2 are commonly referred to as together constituting Colour
Frame A; fields 3 and 4, Colour Frame B.

To permit correct selection of 2- or 4-field editing the following relation-
ship between timecode and the associated video signal is that LTC bit no.
0 contains:

0 for fields 1 & 2

1 for fields 3 & 4

Colour framing and VITC

For the VITC word the logic is identical. The bit representation differs
because the distribution of data through the 90-bit VITC word differs
from the 80-bit LTC word:

bit2=A, bit22 =B, bit3=C, bit 12 =D, bit 23 =E, bit 32 = F.

APPENDIX 2

LTC and VITC specifications

Specification of the 625/50 longitudinal timecode waveform
Rise and fall times: 50 (+15, =10) ps, measured
between the 10% and 90%
amplitude points of the waveform
Shape of pulse edges sin?

Maximum overshoot,

undershoot and tilt 5% of peak-to-peak amplitude

Nominal clock period 500 ps
Maximum timing error of
any clock period 2.5 us
Maximum timing error of
1 transition +2.5 us

Specification of the 625/50 vertical interval timecode
waveform

0-25 mV

550 £ 50 mV wrt blanking level
0.556 ys approximately.

The bit rate is specified as th x 115
+2%.

Note: the bit rate is fh x 116 + 200
bits/s (where fh is the line

Pulse amplitude, logic 0
Pulse amplitude, logic 1
Clock period

frequency)
Rise and fall times of
transitions 200 £ 50 ns
Maximum overshoot or
undershoot 5% of peak-to-peak amplitude
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Specification of the 525/60 longitudinal timecode waveform

. APPENDIX 3
Rise and fall times 25 + 5 us, measured between the
10% and 90% amplitude points of |

the waveform TimeCOdeS COI‘IVEI‘SiO“ |

Maximum overshoot,

undershoot and tilt 2%
Clock period 416.7 us
Maximum timing error

of any clock period +4.2 ps
Maximum timing error of 1

transition +2.1 us

A To convert from IEC timecode to Pro-R time (Figure A3.1): |

ificati f th ical int i d EC 0 le—TC—— i i-1
Specification of the 525/60 vertical interval timecode umecode T 0000000 | sosbaoar [ (o 7.7 |
waveform framas

iTC nj e

Pulse amplitude, logic 0 0-10 IRE
Pulse amplitude, logic 1 70-90 IRE T
Clock period 0.552 us approximately

The bit rate is specified as | rmjes] ioT

fh X 115 + 2% - [

(where fh is the line frequency) frames 00.00.00.00 l 00.00.00.01 I S ('IFIH RM. RS, RFI
Rise and fall times of 0 e——DT—f | i | -1
transitions 200 + 50 ns DAT frame
Maximum overshoot or e,
undershoot 5% of peak-to-peak amplitude signal 1 | 1 | j [ SS _I_L__r

Figure A3.1 [EC timecode and DAT frame timecode conversion factors
illustrated.

TH = Hours stored in the ith IEC timecode frame

TM = Minutes stored in the ith IEC timecode frame

TS = Seconds stored in the ith IEC timecode frame

TF = Frames stores in the ith IEC timecode frame

TC = period of timecode frame

DT = period of DAT frame

nj = time difference between the start of the jth DAT frame and the start
of the TEC timecode frame current at the start of the jth DAT frame

TTj = time of the IEC timecode frame current at the start of the jth DAT
frame

mj = time difference between TTj and jDT

Tfs = periodic time of sampling clock used for the IEC timecode conver-
sion from the IEC timecode to the Pro-R time

TCM = timecode marker, which expresses time difference in terms of Tfs
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TC, DT, nj, TTj, mj & Tfs are expressed in the same units
The relationship between EBU, SMPTE or Film (24 fps) timecode and
ProR time is as follows:
The R time and the TC marker identify the time of the IEC timecode at the
start of a DAT frame reference signal, the period of which corresponds to
a group of audio data recorded on a positive azimuth track, and the
following negative azimuth track. A DAT frame is identified by the DAT
Frame Reference Signal, as defined below.
TTj = nj +iTC
j =INT (TTj/DT)
= 120000RH + 2000RM + 33RS + INT(RS/3) + RF
mj = TTj MOD (mj/ Tfs)
where
j = total number of DAT frames from zero up to the start of a DAT frame
i = total number of IEC timecode frames from zero up to the start of the
IEC timecode frame current at the start of the jth DAT frame
For EBU timecode,
i=90000TH + 1500TM + 25TS + TF
For SMPTE drop-frame timecode,
i=107892TH + 1798TM + 2INT(TM/10) + 30TS + TF
For SMPTE non drop-frame,
i =108000TH + 1800TM + 30TS + TF
For 24 fps film,
1 =86400TH + 1440TM + 24TS + TF

To convert from Pro-DIO code to Pro-R time (Figure A3.2):

Pro-DIO code is recorded in the Pro-R time pack as a 32-bit binary code,

transmitted over the Channel 1 sub-pack. The conversion obeys the

following rules:

TLO = TB + n where

TLO = the 32-bit binary code corresponding to the 1st sample (LO) of a
DAT frame

TB = the 32-bit binary code in the channel status data of the DIO block
current at the start of the DAT frame

n = time difference (unit:sample) from the start of the DIO block to the
start of the DIO frame

To convert from TLO (32-bit binary) to Pro-R time:

Sample number = TLO MOD(DTs)

where DTs = number of audio samples in one DAT frame

If Fs = 48 kHz then DTs = 1440 (0-1439)

If Fs = 44.1 kHz then DTs 1323 (0-1322)

If Fs = 32 kHz then DTs = 960 (0-959)

Hours (RH), Minutes (RM), seconds (RS), and frames (RF), recorded in
packs PC4 to PC7 are recorded in 2 digit BCD form. The following ranges
apply:

Timecodes conversion 239

Sampling HH””H l _____ |“| HH”H ”H””I” ___-H””““l
clock

Beginning of DAT frame

e T sl

sample

Tro

le— Time difference n«—-—-—-I
LO

= n samples

e | | | 1I [E-1 LTI !I LT

The 32-bit binary code The 32-bit binary code

transmitted in this DIO block correspondir?g to the audio
corresponds to the audio sample of this frame
sample of this frame is TLO

la——————DIO block (192 frames)

Figure A3.2 Sampling clock, DAT audio samples and ProDIO frame sequences
compared.

RH, 00-99

RM, 00-59

RS, 00-59

RE, 00-33 (if RS MOD 3 = 2); 00-32 (if RS MOD 3 =1 or 0).

k = INT(TLO/DTs) MOD 100

RF =k MOD(33) + 33 INT(k/99)

RS = 3[INT(TLO/100DTs) MOD 20] + INT(k/33) — INT(k /99)
RM = INT(TLO/2000DTs) MOD 60

RH = INT(TLO/120000DTs)

D Conversion from Pro-R time to TLO (32 bit binary)
TLO = [12000RH + 2000RM + 33RS + INT(RS/3) + RF] x DTs + Sample

number

Conversion between IEC timecode and ProDIO code (Figure A3.3).
The conversion from IEC timecode to ProDIO code, the 32-bit code, (TLO)
corresponding to the 1st audio sample (LO) of a DAT frame, is calculated
as followed:
TLO = [120000RH + 2000RM + 33RS + INT(RS/3) + RF] x DTs + TC
marker
To convert from ProDIO code to IEC timecode, let the start of the zero
frame IEC code (00h 00m 00s 00f) correspond to all zeros of the 32-bit
binary code (TLO). Then the relationship between TLO and TTj is:
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TLO X TFs = TTj = nj + iTC

i = INT[(TLO x Tfs)/TC]

nj = (TLO x Tfs) MOD TC
fe—TC—]

00.00.00,00 ‘ TH. TM. TS. TF'
[

iTC nj —s
—
I TLO x TFs
(I

mj-sle ioT

00.00.00.00 |} (] [rH-Rwm. RS. [
fe—or—+ frio

Figure A3.3 IEC timecode frame, ProDIO block and R-DAT frame conversion
factors compared.

==

APPENDIX 4

The use of binary groups
with film

Use of the binary groups to carry additional data as specified in SMPTE
RP135-1990 is indicated by setting the flag bits as follows:

bit 43 of the type C code or bit 67 of the type B code to 0

bit 59 of the type C code or bit 83 of the type B code to 1.

As several types of additional data are specified, they cannot all be
carried in one timecode frame. If the data were to be carried over a
number of frames, the corruption of a single frame could result in the data
being lost. The different types of data are each incorporated within a
single frame, the specific type being paged by a code held within the
frame.

In essence, the principle is that of a directory system, with Binary
Group 1 of each timecode frame (bits 4-7 in type C, bits 28-31 in type B)
identifying the type of data held in User Groups 2-7 by means of an
index. Binary Group 8 carries an error detection code (checksum). The
data in each of the 8 binary groups are arranged such that the lowest
numbered bit in each group carries the LSB, the highest numbered bit the
MSB, of a 4-bit (16 character) code. Figure A4.1 illustrates the directory
index.

Index Data Digits reqd Format

0 Flags 24 Binary

1 Date (DD:MM:YY) 6 BCD

2 Production no 6 BCD

3 Equipment ID no 4 6-bit character code
4 Scene number 4 6-bit character code
5 Take number 4 6-bit character code
6 Roll number 4 6-bit character code
7-14 Unassigned - =

15 Extended directory - -

Table A4.1 Details of RPP135-1990 Binary Groups Index.
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Binary Group number

Tens of
year
Most

significant no.,

Units of
year

Most significant

character

Number

Tens of

month
Number

Character

Units of

month
Number

Tens of

Character

day of month
Number

24-bit binary code

Units of
day of month

Least

significant no.

Least significant

character

Index

Index

Index

Flags

BCD

6-bit char.

Figure A4.1 The SMPTE RP135-1990 binary group formats.
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The index

Binary group 1 carries the index to the directory of data held in binary
groups 2-7, according to Table A4.1. Each frame of film then can carry
only one type of data, as specified in the index, so a sequence of several
frames will be needed to carry the various possibilities of data types
carried in the various directories (as we shall see when considering the
Aaton timecode system) though, as stated earlier, the choice and scope of
the additional data provided is a matter of discretion.

The directory

Each directory may either carry up to six discrete 4-bit items of informa-
tion in the six-binary groups available, with each 4-bit item having the
ability to carry either pure numeric information in BCD or hexa-decimal
form; alternatively the groups may be combined to provide a greater
range of values, such as a subset of the ISO 2022-1982 (ASCII) codes. The
type of data being carried is indicated by an entry in the index.

Bit no. Data flagged

B-format C-format ‘0 1
36 12 Pictures Sound
37 13 Sync sound/ picture No sound/picture
38 14 Print Do not print
39 15 Sync speed Not sync speed
44 20 Daylight photography Night photography
45 21 Daylight Tungsten light

Table A4.2 Detail of binary group bits flagged by Index entry “0".

Bit numbers
B-format

C-format

Weighting

36, 37, 38, 39, 44, 45
46, 47, 52, 53, 54, 55
60, 61, 62, 63, 68, 69
70,71,76,77,78,79

12, 13, 14, 15, 20, 21
22,123,128, 29,30, 31
36, 37, 38, 39, 44, 45
46, 47, 52, 53, 54, 55

Least significant character
Character
Character
Most significant character

Table A4.3 Details of binary groups bits when carrying 6-bit characters,

Entry 0

When the index is set to zero, the bits of binary groups 27 are set as flags
to indicate the nature of the shot material according to Table A4.2. Unused
bits are set to zero.

Entry 1
When the index is set to one, binary groups 2-7 carry date information in
BCD format. The groups are assigned as follows:
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244 Timecode The use of binary groups with film 245
Group Number Contents Appendix 5 gives details of the SMPTE standards for the extended use of
2 Units of day of month binary groups. Possible uses are the carrying of a second timecode,
3 Tens of day of month ‘ equipment control (e.g. cueing), colour correction information, remote
B Units of month (January = 1) machine control and so on.
5 Tens of month ‘
: Units of year Character ~ Binary Decimal Character  Binary Decimal
7 Tens of year equivalent equivalent equivalent equivalent
The lowest-numbered bit in each group is the LSB, the highest-numbered SPC 000000 0 @ }88?.)8(1) gg
bit the MSB. The data is displayed in increasing quantities of time, i.e. DD ‘ 8888(1)(1) ; ? 100010 34
VM # 000011 3 C 100011 35
$ 000100 4 D 100100 36
Entry 2 % 000101 5 E 100101 37
When the entry is set to two, binary groups 2-7 carry a 6-character & 00011? g E }881}? gg
. . . . . . ‘ 00011
numeric code identifying the production. The format is BCD. ( T 5 o 101000 40
) 001001 9 ! 101001 41
Entry 3 | * 001010 10 ] 101010 42
When the entry is set to three, binary groups 2-7 are combined to form a ' + 001011 11 K 101011 43
4-character alphanumeric equipment identification code (for example, to ; 001100 12 L 1838[1) i‘;
determine the camera on a multi-camera shoot). The bits in the user - 88%% S II\\IA 101110 46
groups are combined together in the manner illustrated in Table A4.3. As [ 001111 15 0 101111 47 |
can be seen, each character comprises six bits, so 64 separate characters 0 010000 16 P 110000 48
are possible. These are specified in Table A4.4. The code values are 1 010001 17 Q 110001 49
identical to USS-128 (values 0-63), the barcode used in the KeyKode® 2 010010 ig g ﬁggﬁ) g(l)
i - 3 010011
system. The code is a subset of ISO 2022-1982. ) 516106 . T 00T =
5 010101 21 U 110101 53
Entry 4 6 010110 22 \Y 110110 54
When the entry is set to four, binary groups 2-7 are combined to form a 4- 7 010111 23 w 110111 55
character alphanumeric scene number. Tables A4.3 and A4.4 give the 8 011000 24 X }}}88(13 g?
details of the code format and values. 9 011001 25 Y
etails of the code format and values ; 011010 26 z 111010 58
» 011011 27 [ 111011 59 I
Entry 5 . . _ , > 011100 28 \ 111100 60 il
When the entry is set to five, binary groups 2—7 are combined to form a 4- s 011101 29 ] 111101 61
character alphanumeric take number. Again, Tables A4.3 and A4.4 give < 011110 30 A 111110 62 |
the details of the code format and values. ? 011111 31 - 111111 63 i
Lntry 6 Table A4.4 The 6-bit character code used in RP135-1990. :
When the entry is set to six, binary groups 2-7 are combined to form a 4-
character alphanumeric roll number. Again, Tables A4.3 and A4.4 give the .
details of the code format and values. User Group 8 '
5 v |
i This carries error detection in the form of a checksum. It is the negative of .
Entries 7-14

; . the modulo-16 sum of groups 1-7.
At present these are unassigned. The SMPTE reserves their use.

Entry 15
When the index is set to 15, an extended directory is possible, User Group
2 becoming an extended directory index identifier for User Groups 3-7.
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The extended use of binary groups 247
T [ S
© £
APPENDIX 5 . £
o 5
-t []
The extended use of binary : :
a S
groups : :
o g 8.
~ o s
8 3 S
— o Q&
— © g %
In 1993 the SMPTE published a standard (SMPTE 262M:1993) and < E a®
recommended practices (SMPTE RP 173:1993 and RP 179:1994) for the = % i
extended use of binary groups to carry an additional timecode, media £3
address data and applications data. The general principle is of grouping o ! E g \
several timecode frames of binary groups together to form a ‘directory’, _ S v
organized into “pages’ and ‘lines’. This use of binary groups is flagged in E - 2 _g 8 '
BGF 0-2, with BGFO at ‘1, BGF1 at ‘0’ and BGF2 at “1’. Table A5.1 o 2 g b b |
illustrates the binary group flag values for LTC and VITC in 24, 25 and 30 : L;_ o - i B £
fps systems. Data can be organized into bytes to carry 8-bit character sets, RS S 8 E 88
with binary groups 1 and 2 forming byte 1, groups 3 and 4 forming byte a s f: 8] 2 Z
2, groups 5 and 6 forming byte 3, a}nd groups 7 an@ 8 forming byte 4 ‘ § ° g . 2 .
Binary groups 7 and 8 form a directory index, with group 7 specifying 0 < . é & "—'é
a directory line of 16 lines per page and group 8 specifying a directory &5 —E ]
page of 16 pages. Figure A5.1 illustrates the page-line directory. ' w| § § 5 E |
All address data in pages 0, 1 and 2 relate to programme timing. ® o B 2 g
Auxiliary time address data are stored in lines 0-9 of pages 0 and 1, and £< L& 1
lines 0-3 of page 2 in the following manner: Tl 3= e ;‘:; "
LTC bits  VITC bits Binary group Assignation jg g é g I'
47 6-9 1 Units of frames 1 & Sk ‘
12-13 16-17 2 Tens of frames ;;%g
14 18 2 Drop frame flag ™ 2 9
15 19 2 Colour frame flag ) E
20-23 26-29 3 Units of seconds = 28 ;
28-30 36-38 4 Tens of seconds S* X
31 39 4 Unassigned :—';;
36-39 4649 5 Units of minutes = é |
4446 56-58 6 Tens of minutes ~
47 59 6 Unassigned o5 I P2
52-55 66-69 7 Units of hours (line index) o8 § ofler|a]l ol < g E E g
60-61 76-77 8 Tens of hours (page index) @5 Lol I e B
6263 78-79 8 Zero (page index) . Y
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248 Timecode

Media address data (other than time) are stored in lines 10-15 of pages

0 and 1, and lines 4-15 of page 2. |
Control data are stored in page 15. APPENDIX 6
As well as time data, either single or multiple frame messages may be

sent, carrying such information as film transfer data (film manufacturer, °

emulsion type, film batch, edge number, roll number, film footage, AES / E B U lnte rface Ch an n el

footage frame offset and transfer data), static production data (scene, take,

video reel number, film roll number, sound roll number, production Statu S data_

number, date and message strings), and sync point data (film latent

number sync point, film edge number sync point, film manufacturer’s
edge number sync point, ink number sync point and film and audio
timecodes).
As can be seen, the applications possible with extended use of binary ‘
groups are very comprehensive, and it is apparent that extended use of The 24 bytes (0-23) are arranged as in the following table:
binary groups can form the vehicle for carrying the vast amount of data
for processing by a non-linear editor’s database management system and ‘ Byte Bit 0 1 2 3 4 5 6 7 ‘
the reader is referred to the various SMPTE standards mentioned earlier I
for the details. 0 a b c d e ;
24- and 30-fps systems 25-fps systems 1 f g |
Binary group flag  Bit value  LTC bit VITC bit LTCbit  VITC bit
2 h i r i
BGF2 1 59 75 43 55
BGF1 0 58 74 58 74 3 i
BGF0 1 43 55 27 35 )
. . . 4 k r
Table A5.1 Binary group flag values for 24, 25 and 30 fps page-line encoding.
Courtesy of SMPTE Journal. 5 3 |
6 J
7 Alphanumeric
8 channel origin data
9
10
11 Alphanumeric
12 channel destination data
13
14
15 Local sample address code
16 32-bit binary
17
18
19 Time-of-day sample address code
20 32-bit binary
21
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250 Timecode

22

Reliability flags

|

23

CCRC J

The specific organization of the data is as follows:

Byte O
aBit0 0 Consumer use of channel status block
1 Professional use of channel status block
b Bit 1 0 Normal audio mode
1 Non-audio mode
c Bits 24 Encoded audio signal emphasis
bit 234

000 Emphasis not indicated. Manual selection enabled
100 No emphasis. Manual selection disabled
110 50/15 us. Manual selection disabled

11

1 CCITT J.17 emphasis. Manual selection disabled

All other bit states are reserved

d Bit5

e Bits 6-7
bit 6

00  Sampling frequency not specified. Default is 48 kHz.

1 Source sampling frequency unlocked

1 Sources sampling frequency locked
Encoded sampling frequency

7

Manual selection enabled

01 48 kHz. Manual selection disabled
10 44.1 kHz. Manual selection disabled
11 32 kHz. Manual selection disabled.

Byte 1

f Bits 0-3

bit 0123
0000
0001
0010
0011

0100
0101

0110
1111

Encoded channel mode

Mode not indicated. Manual selection enabled

Two channel mode. Manual selection disabled

Single channel (Mono) mode. Manual selection disabled
Primary / secondary mode (sub-frame 1 is primary).
Manual selection disabled

Stereo mode (channel 1 is left). Manual selection
disabled

Reserved for user-defined applications

Reserved for user-defined applications

Vector to Byte 3. Reserved for future use

All other states are reserved

AES/EBU interface channel status data 251

g Bits 4-7 Encoded user bits management

bit 4567
0000 Default mode. No information indicated
0001 192-bit block structure. Preamble Z indicates the

start of the block
0010 Reserved for future use
0011 User defined use
All other states are reserved

Byte 2

h Bits 0-2 Encoded use of auxiliary sample bits
bit 012
000 Maximum audio sample is 20 bits (default). Use of aux
sample not defined
001 Maximum audio sample is 24 bits. Aux sample bits
used for audio data
010 Maximum audio sample is 20 bits. Aux sample bits
used to carry voice quality (talkback) signal
011 Reserved for future use
iBits 3-5 Encoded audio sample word length
bit 345 Audio sample wordlength Audio sample wordlength
if maximum wordlength is if maximum wordlength is
24 bits as indicated in bits 20 bits as indicated in bits
0-2 above 0-2 above
000 Not defined (Default) Not defined (Default)
001 23 bits 19 bits
010 22bits 18 bits
011 21 bits 17 bits
100 20 bits 16 bits
101 24 bits 20 bits
All other states are reserved
r Bits 6-7 These are reserved for future use

Byte 3

j Bits 0-7 Vectored target byte from byte 1. Reserved for future use
and currently set at logical 0

Byte 4
k Bits 0-1 Digital audio reference signal (per AES11)

01

00 Not a reference signal (Default)

01 Grade 1 reference signal

10 Grade 2 reference signal

11 Reserved for future use

2-7 Reserved for future use and currently set at logical 0
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Byte 5
r Bits 0-7 Reserved for future use and currently set at logical 0

Bytes 6-9

Alphanumeric channel origin data. First character in message is byte 8

Bits 0-7 7-bit ISO 646 characters with no parity bit. L5Bs are

(each byte)  transmitted first, with logical 0 in bit 7. Non-printed control
characters (&01 to &1F and &7F) are not permitted

Bytes 10-13

Alphanumeric channel destination data. 1st character in message is byte

10

Bits 0-7 7-bit ISO 646 characters with no parity bit. L5Bs are

(each byte) transmitted first, with logic 0 in bit 7. Non-printed control
characters (&01 to &1F &7F) are not permitted

Bytes 14-17

Local sample address code (32-bit binary). Value is of 1st sample of
current block

Bits 0-7 LSBs are transmitted first

(each byte)

Bytes 18-21

Time-of-day sample address code (32-bit binary). Value is of 1st sample
of current block.

Bits 0-7 LSBs are transmitted first

(each byte)

Byte 22

Channel Status Information reliability flags. If information is reliable, the
appropriate bit is set to logical 0; if unreliable, it is set to logical 1
Bits 0-3 Reserved and currently set to logical 0

Bit 4 Refers to bytes 0 to 5
Bit 5 Refers to bytes 6 to 13
Bit 6 Refers to bytes 14 to 17
Bit7 Refers to bytes 18 to 21
Byte 23

Cyclic redundancy check character
Generating polynomial is:
GX)=x8+xt+x>+x2+1

LSB is transmitted first.

APPENDIX 7

EBU recommendations for the
recording of information in
the user bits

Although the EBU recognizes that its member organizations can freely
use the binary groups in any way, nevertheless a number of specific uses
have been devised by individual organizations, for internal use. The EBU
has documented these uses for the benefit of all member organizations.
Chapter 5 covered one of these uses (panscan data in user bits).

In the UK the BBC has devised a means of carrying date information in
the user bits in dd, mm, yy form. The date is normally changed at
midnight local time, taking any summer time into account. Each digit of
the date is coded in BCD in the following manner:

Binary group 1 Reserved All bits set to zero
Binary group 2 Units of days 4 bits, LSB in bit 12
Binary group 3 Units of months 4 bits, LSB in bit 20

Binary group 4 Tens of days
Tens of months

2 bits, LSB in bit 28
1 bit, bit 30. Bit 31 set to zero

Binary group 5 Reserved All bits set to zero
Binary group 6 Units of years 4 bits, LSB in bit 44
Binary group 7 Reserved All bits set to zero
Binary group 8 Tens of years 4 bits, LSB in bit 60
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APPENDIX 8

3-line VITC for film-to-tape
transfer

First line

This line of the code contains Video Tape Time (recorded on the VCR at
the time of transfer) in standard IEC form and can also carry Aaton tags
or video reel ident (or any arbitrary hexadecimal value) in the binary
groups. The CRCC is the IEC standard.

Second line

This line contains KeyKode® information, 3/2 pull-down flags, film
manufacturer and film gauge information, and video field ident. The data
are carried in the bits that would normally carry both time- and user-data
in traditional VITC. The CRCC in this line is the inverse form of the IEC
VITC CRCC. The traditional time bits are used to carry the pulldown

VITC bit no. 3-line VITC content Traditional VITC content

3-line VITC for film-to-tape transfer 255

flags, film manufacturer and film gauge information, emulsion type and
part of the prefix digits of the KeyKode® number. The traditional user bits
of the codeword are used to carry the rest of the prefix digits of the
KeyKode® number plus the footage count, the maximum frame count and
the frame offset from the last KeyKode® number. Tables A8.1 and A8.2
give the details of the contents of the traditional VITC time- and user-bits.

VITC bit no. 3-line VITC content Traditional VITC content
75 Field flag (Table A8.2) Hours tens (MS bit)
72-74 Pulldown flags (Table A8.4) Hours tens (LS bits)
62-65 Film manufacturer + gauge Hours units

52-55 Emulsion type (MS Digit) Minutes tens

42-45 Emulsion type (LS Digit) Minutes units

32-35 Prefix 1 (MS Digit) Seconds tens

22-25 Prefix 2 Seconds units

12-15 Prefix 3 Frames tens

00-05 Prefix 4 Frames units

76-79 Prefix 5 Binary group 8

66-69 Prefix 6 (LS digit) Binary group 7

56-59 Footage 1 (MS digit) Binary group 6

46-49 Footage 2 Binary group 5

36-39 Footage 3 Binary group 4

26-29 Footage 4 (LS Digit) Binary group 3

18-19 Max frame count Binary group 2 MS nibble
16-17 Frame 2 MSB Binary group 2 LS nibble
06-09 Frames 4 LSB Binary group 1

Table A8.2 Bit allocation for 3-line VITC arranged in function order.

Along with the frame count recorded in the LS byte of the user bits data

00-05 Prefix 4 Frames units

06-09 Frames 4 LSB Binary group 1

12-15 Prefix 3 Frames tens

16-17 Frame 2 MSB Binary group 2 LS nibble
18-19 Max frame count Binary group 2 MS nibble
22-25 Prefix 2 Seconds units

26-29 Footage 4 (LS digit) Binary group 3

32-35 Prefix 1 (MS digit) Seconds tens

36-39 Footage 3 Binary group 4

4245 Emulsion type (LS digit) Minutes units

4649 Footage 2 Binary group 5
52-55 Emulsion type (MS digit) Minutes tens

56-59 Footage 1 (MS digit) Binary group 6
62-65 Film manufacturer + gauge Hours units

66-69 Prefix 6 (LS digit) Binary group 7
72-74 Pull-down flags (Table A8.4) Hours tens (LS bits)
75 Field flag (Table A8.2) Hours tens (MS bit)
76-79 Prefix 5 Binary group 8

Table A8.1 Bit allocation for 3-line VITC 2nd line arranged in bit order.

are two flags which identify the maximum frame count for that key
number. The flags are carried in bits 18 and 19 and are interpreted
according to information regarding film manufacturer and gauge ident
carried in bits 62-65. Table A8.3 gives the details of the max frame count,
together with film manufacturer and gauge ident.

The three pulldown flags carried in bits 72-74 identify the video
frames that result from the 3/2 pull-down sequence. They do not change
in the middle of a frame. To these bits is added a fourth bit (bit 75) to
identify the video field. In 25 to 30 transfer with 625/25 systems, pull-
down sequences Al and A2 only are identified. Table A8.4 gives the
details.
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16 mm 35 mm 70 mm Imax Ink
Biis 18-19
00 reserved 0116 (4 perf key no/ft & fr) 00 reserved 00 reserved 00 16 (35 mm 4 perf)

012 (key no & fr) 0121 (3 perf head dot, perf 1) 0116 (5 perf) 015 (15 perf head dot) 0120 (16 mm)
104 (ft and fr) 1021 (3 perf centre dot, perf 2) 1110 (8 perf) 115 (15 perf centre dot) 1040 (16 mm)
11 reserved 1122 (3 perf tail dot, perf 3) 01 8 (10 perf) 015 (15 perf tail dot) 11 reserved

Bits 6265 (binary values 0-15)

0 =Ink

1 =Agra35mm 2 = Kodak 35 mm 3 =TFuji 35 mm 4 =not used 5 =notused
6 =Agfa70 mm 7 =Kodak 70 mm 8 =TFuji 70 mm 9 =not used 10 = not used
11 = Agfa 16 mm 12 = Kodak 16 mm 13 = Fuji 16 mm 14 = not used 15 = Imax

The frame number is encoded in binary in the LS byte of the user bits data, along with two flags which
identify the maximum frame count for that key number, This MEC is encoded as two bits (18 and 19)
and its interpretation is based on the film manufacturer + gauge ID nibble (bits 26-65).

Table A8.3 Max frame count with film manufacturer and film gauge idents.

Film Video Field Pulldown Bit72 Bit 73 Bit 74 Bit 75
frame frame no. ident

0 0 1 Al 0 0 1 0
0 0 2 A2 0 0 1 1
1 1 1 Bl 1 0 1 0
1 il 2 B2 1 0 1 1
1 2 1 B3 1 1 0 0
2 2 2 C1 il 1 0 1
2 3 1 Cc2 0 1 0 0
S 3 2 D1 0 1 0 1
3 4 1 D2 0 0 0 0
3 4 2 D3 0 0 0 1

Bit 72  identifies the pulldown sequence.

Bit73 is 0’ for a video frame containing the same film image in both fields.
is *1’ for a video frame containing different film images in each field.

Bit74 is 0’ for a video frame where picture content changes at start of field 2.
is *1’ for a video frame where picture content changes at start of field 1.

Bit75 identifies the video field, is "0 for field 1 and 1’ for field 2.

Table A8.4 Pulldown and field ident bit allocation.

As an example of the above, a 35 mm (4 perf) film frame with key
number KJ12 3456 7890+12 would be encoded:

Manufacturer’s code 02 letter code K for Kodak, encoded as 02 in
35 mm

Film type 96 letter code J for 5296 emulsion

Prefix 123456

Footage 7890

3-line VITC for film-to-tape transfer 257
Frames &C hexadecimal representation of 12 frames
Field and pulldown 4, A frame, field 1, represented in binary
form (bits 72-75)

In 3-line VITC, line 2, this will be encoded as:

Time data bits User groups bits
hh mm ss ff 12 34 56 78
42 16 12 34 56 78 90 0C
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Global standard frequency and time transmissions 259
IAM 5000; Instituto Superiore delle Poste e delle Telecom-
municazioni, Viale Europa 190, 00144 — Rome, Italy
APPENDIX 9
JG2AS  40; JJY 5000, 8000, 10 000; Standards and Measurements
Division, Communications Research Laboratory, 2 — 1, Nukui-
kit hi 4 — ch , K i-shi, Tokyo,
Global standard frequency ammachi 4 - chome, Koganei-shi, Tokyo, Japan
LOL1 5000, 10000, 15000; Servicio de Hidrografia Naval
2 s L Observatorio Naval, Av. Espana 2099, 1107 Buenos Aires,
and time transmissions (all e
° e MSF 60; Time and Frequency Services, National Physical
freq u enCIeS | n kHZ) Laboratory, Middlesex, United Kingdom, TW11 OLW
OMA*  50; Institute of Radio Engineering and Electronics — Academy
of Sciences of Czech Republic, Chaberska 57, 182 51 Praha 8 -
Kobylisy, Czech Republic
|
) PPR 435, 4244, 8634, 13105 17 194.4; PPE (inactive); |
ATA 10 000; National Physical Laboratory, Dr K.S. Krishnan Road, Departemento Servico da hora, Observatorio Nacional
New Delhi - 110012, India (CNPq), Rua General Bruce 586, Sao Cristovao, 20921-030 Rio |
de Janeiro, Brazil
BPM 2500, 5 000, 10 000, 15 000; Shaanxi Astronomical Observatory, \
Chinese Academy of Sciences, PO Box 18 — Lintong, 710600 RAB-99 25; RBU 66.66; RCH 2500, 5000, 10 000; RID 5 004, 10 004, '
Shaanxi, PR China 15 004; RTZ 50; RWM 4 996, 9 996, 14 996; RJH-63, RJH-69,
RJH-86, RTH-90 25; Institute of Metrology for Time and Space
BSF 5000, 15000; Telecommunication Laboratories, Ministry of (IMVP), NPO ‘VNIIFTRI’ Mendeleevo, Moscow Region
Transportation and Communications, PO Box 71 — Chung-Li, 141570, Russia
320 Taiwan, Republic of China
‘ TDF 162 (Allouis L.f. broadcast transmitter); France Télécom, Centre !
CHU 3330, 7335, 14 670; National Research Council of Canz?da, National d’Etudes des Télécommunications-PAB-STC, Etalons !
Institute for National Measurement Standards — Time de fréquence et de temps, 196 avenue Henri Ravera, 92220-
Standards, Ottawa, Ontario, K1A 0R6, Canada Bagneux, France. -I
|
DCF77  77.5; Physikalisch-Technische Bundesanstalt, Lab. Zeiteinheit, VNG 2500, 5000, 8638, 12984, 16000; National Standards l
Bundesallee 100, D-38116, Braunschweig, Germany Commission, PO Box 282, North Ryde NSW, 2113 Australia.
EBC 12 008, 6 840; Real Instituto y Observatorio de la Armada — WWV 2 500, 5 000, 15 000, 20 000; WWVB 60; WWVH 2 500, 5 000,
11100 San Fernando, Cadiz, Spain 10000, 15000 (Hawaii); Time and Frequency Division —
847.00, National Institute of Standards and Technology, 325
HBG 75; Service Horaire HBG, Observatoire Cantonal, CH - 2000 Broadway, Boulder, Colorado 80303, USA
Neuchatel, Switzerland
YVTO 5 000; Direccién de Hidrografia y Navigacion, Observatorio
HLA 5000; Time and Frequency Laboratory, Korea Research Cagigal, Apartado Postal No 6745, Caracas, Venezuela.

Institute of Standards and Science, Yusong, PO Box 102, Taejon
305-600, Republic of Korea

* This service may no longer be on air.
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APPENDIX 10
Nagra IV-S TC multifunction
keypad facilities

Figure A10.1 shows the Nagra IV-S TC timecode display panel with its
status markers, together with the multifunction keypad. With the
exception of the SHIFT key, each key has three functions: “direct’, ‘shifted’
and ‘numeric’. The direct function is executed as soon as the key is
pressed; the shifted functions are entered by first depressing the SHIFT
key, then depressing the relevant key and pressing EXECUTE; the
numeric functions are entered by first depressing the NUM key, entering
the data then pressing ENTER. Note: pressing CLEAR will not terminate
the entering of a numeric code — this can be done either by pressing SHIFT
then pressing EXECUTE, or by entering numeric value 000 followed by
EXECUTE.

NUM /0 / EXECUTE

The direct function gives access to the numeric values of the keys, and can
only be cleared by pressing SHIFT then EXECUTE, or by entering 000 (do
nothing) followed by EXECUTE. This key can also be used to enter a new
timecode value, which must be in the form hh mm ss ff. This value is then
entered into the generator by pressing SHIFT followed by ENTER. The
numeric function enters the value 0.

The shifted function executes one of a number of stand alone functions
(see later in this appendix for details).

&« /1/EXTTC

Used when setting timecode or the user bits, the direct function displaces
the flashing digit in the LCD one place left. The numeric function enters
the value 1. The shifted function forces the machine to accept external
timecode.

Nagra IV-S TC multifunction keypad facilities 261

Drop frame

—TC run
Set inhibi l B

H/JHHHH

T | -

Beep off
TC display 4h TC stop
CALL TC CALL us RESETTC  SET FROM NEXT

W@@MM

INTTC SEARCHTC

SHIFT

Figure A10.1 The layout of the Nagra IV-5TC LCD display (top) showing the
status markers, and the multifunction keys (bottom).

—5/2/INTTC

Used when setting timecode or the user bits, the direct function displaces
the flashing digit in the LCD one place right. The numeric function enters
the value 2. The shifted function forces the machine to accept internally
generated timecode.

T/ 3/ SEARCH TC

Used when setting timecode or the user bits, the direct function
increments the flashing digit in the LCD up in value. If setting the user
bits the incremental values will include A-F. The numeric function enters
the value 3. The shifted function initiates a search at either normal play
speed or fast forward for a previously entered timecode value. Note: the
machine does not stop when this value has been reached, but emits a
beep.
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262 Timecode

4/ 4/ CLEAR

Used when setting timecode or the user bits, the direct function
increments the flashing digit in the LCD down in value. If setting the user
bits the incremental values will include F-A. The numeric function enters
the value 4. The shifted function clears any numeric values and replaces
them with 0. This key does not provide departure from the numeric
mode; this must be done by pressing SHIFT followed by EXECUTE.

DISP TC /5 / CALL TC

Direct function displays the current timecode. The numeric function
enters the value 5. The shifted value holds and displays the instantaneous
timecode value for modification using the arrow keys.

DISP UB / 6 / CALL UB

Direct function displays the current user bit values. The numeric function
enters the value 6. The shifted value holds and displays the user bit values
for modification using the arrow keys.

STATUS / 7 / ENTER

Direct function displays the various status modes either loaded into the
machine or pre-set. These modes are indicated by dashed lines above and
below the numeric values on the LCD. The numeric function enters the
value 7. The shifted function enters the new timecode or user bit values
that have beem modified in the CALL TC or CALL UB modes.

NEXT ST/ 8 / RESET TC

The direct function cycles through the various status modes, displaying
them on the LCD. This function is only available after pressing the
STATUS key. The numeric function enters the value 8. The shifted funtion
resets the internal timecode generator to 00h:00m:00s:00f.

INC UB /9 / SET FROM EXT

The direct function automatically increments the value of the last two user
bit digits combined by one. This function is only available after pressing

Nagra IV-S TC multifunction keypad facilities 263

the SHIFT & CALL UB keys. The numeric function enters the value 9. The
shifted function resets timecode and user bits from an external source.

Status and next status

These cycle through the various status modes of the machine in the
following manner:

FRAME FREQUENCY: 24, 25, 30, 30 drop frame (indicated by a vertical
line.

POWER MODE TO MEMORY: continuous or stop after 3 days.

Note: if continuous power mode is selected there is a current consumtion
of about 2 mA which represents a discharge rate of about 2% per day for
2.5 Ah batteries. If 3-day stop is selected there is a residual discharge of
about 0.5 mA. For this reason the batteries should be removed if the
machine is to be put in storage for any length of time.

USER BITS MODE: options available are either free use or calendar mode.
In calendar mode the settings are dd, mm, yy, xx, where xx is a value
entered by the user.

ERROR CORRECTION MODE: when running from an external timecode
source, if incoming code is faulty either the first 5 consecutive bits in error
are corrected, after which timecode stops running and ‘Error 02’ is
displayed, or all errors are corrected, in which case the timecode
generator will take over from the external source until the recording is
terminated, even if the incoming code is restored. ‘Error 02’ flashes
alternately with internal timecode in this mode.

SOFTWARE VERSION

Numeric codes

There are a number of 3-digit codes which allow the user to ‘personalize’
the machine. They are given below. The NUM key must be pressed to
access them, and the EXECUTE key pressed to activate them.

Code  Action

000 Does nothing

001 Puts beep on speaker

002 Puts beep on headphones

003 Turns the beep on

004 Turns the beep off

005 Resets the user bits to 00 00 00 00

006 Sets machine’s timecode generator from external timecode source
007 Sets machine’s user bits from external source

100 Stops timecode running

101 Starts timecode running
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102 Disables setting of timecode generator. User bits can still be set
from keypad

103 Enables setting of timecode

104 Permanent power to memory

105 3-day power back-up to memory

106 User bits on dd, mm, yy, xx mode. In this mode the date will
automatically increment up as timecode goes through midnight.
The varying legths of the months is accomodated, as are leap
years, and the machine is year 2000-compliant (the code used is a
Modified Julian Day Code which is good until well into the next

century).
107 User bits on free use mode (0-9 and A-F)
108 In external timecode mode puts machine in continuous jam-sync
109 In external timecode mode puts machine into 5-frame error limit
110 Auto jam-sync. Machine will take an external timecode, setting its

own timecode generator from the incoming code. If the incoming
code fails the machine will record timecode from its own
generator. When incoming code is restored the machine switches
back to the external code. A beep indicates the changeovers and
the LCD flashes between timecode display and “Auto set’.

200 Resets all numeric function codes to their factory set default
values
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AatonCode, 118-19, 121-2, 131-2,
179, 212
AES:
AES/EBU digital interface, 85, 88,
106, 223-9
AES/EBU interface channel status
data, 249-52
clock standards, 165
Ampex Corporation, 30
Analogue audio formats, 110
Analogue video systems, 7
Arriflex timecode, 116, 119, 121-2,
212
Assembly editing, 192-3
Atomic clock time, 182
Audio post production, 196-7
Audio sector timecode (ASTC), 87
Audio track of VCR for timecode,
158-9
Auto jam-sync, 153-4, 167
restriping, 158
Auto scan tracking (AST), 79, 154
Auto-lock synchronizers, 200
Automatic track-finding (ATF), 98
Azimuth recording techniques,
10-11, 98, 99

B-format SMPTE film codes, 114-17
Back-up power supply, 160-1
Bandwidth, 34, 41-2
Batteries, 160-1
Beta SP format, 834
Betacam, 7, 834

Digital Betacam, 89
Bi-phase mark code, 22, 30-1
Binary group flag bits, 40, 50, 51
Binary groups:

extended use of, 246-8
use with film, 241-5
Binary Phase Shift Keying (BPSK),
182
Binary system, 15-17
Binary-coded decimal (BCD), 17, 19
Biphase mark coding, 38, 40, 116
Bit assignment, VITC, 49-50, 51
Bit rate requirements, 19-20
Black and burst pre-recording, 193
Bureau International des Poids et
Measures (BIPM), 182

C-format, 46-7, 50, 78-82, 178
dropouts, 79
option-1, 81-2
option-2, 82
option-3, 82
SMPTE film codes, 114-17
Camera code, label options, 212
Cassette changes, 178
CCIR % in centre—track analogue
audio, 107-9
CCIR 601 digital video, 59, 70
Chase synchronizers, 198, 199, 207
Chrominance signals, 4-7, 83
Clock standards, AES, 165
Clock on the wall, 70, 75
Codeword timing, 39, 40-1
Coding methods, 15
Colour burst, 6, 7
Colour frame sequence, 230-2
and editing, 194-7
Colour signals, 4-7
Colour sub carrier, 5-6, 8-9
Companding systems, 147
Component analogue systems, 7
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Component digital format, see D-1;
D-2; D-3; D-5

Compression timing MPEG-2, 70

Continuous jam-sync, 161-2, 167

Control synchronizers, 198-200

Control tracks, 11-13, 82

editing, 19, 159

Conversion of timecodes, 23740

Corruption of timecode, 155-61

Crosstalk, 10-11, 108, 148-51

Cyclic redundancy checking
(CRC/CRCC), 28, 43

D-1 component digital format, 847

D-2 composite digital format, 87-8,
89, 90

D-3 composite digital format, 88, 91

D-5 digital format, 88

DASH format, 105-7

DAT, see R-DAT

Data code sources, 184-6

DataKode timecode, 118, 170

Decode time stamps (DTS) MPEG-2,
70-1

Decoding delay, 152-3

Depth recording, 77

Digital audio interface, AES/EBU,
223-9

Digital audio machines, synchro-
nization, 165

Digital Betacam, 89

Digital codes, 20-2

Digital data organization, 22-3

Digital processing, 14-29

Digital video (DV) format, 91-5, 96

DV auxiliary data (VAUX), 94

Digitizing without timecode, 217

Distributed intelligence, 200

Drop frame flag, 39, 51

Drop in replay level, 27

Drop-frame codes, 56-8

Dropouts, 8, 13, 42, 79

Dubbing with fresh timecode, 159

Earth Centred Inertial coordinate
system, 181

Earth-Centered Earth-Fixed (ECEF)
coordinate system, 181

Eastman Kodak Company, 118,
123-7

EBU, timecode recommendations,
147-8, 253
EBU Radio Data System timecode,
17
EBU standards:
EBU3096, 114
EBU TECH-3245, 200
EBU/SMPTE Task Force report,
30
N12, 32
SMPTE12M timecode standard, 30
see also AES, AES/EBU interface
EBU/IRT and EBU/TDF timecodes,
114
Edge numbers, editing, 211
Edgeprint formats, 123-7
Edit decision lists (EDLs), 191, 194-5
Editing:
and colour frame sequence, 194-7
see also Non-linear editing / post-
production
Equipment type information (ETI),
87

Errors:
in digital systems, 23-7
error correction, 43, 85
error detection, 27-9
ESbus, 200-2
European Brodcasting Union, see
EBU
Eye, human perception, 4-5
Eye height diagram, 26

Fibre-optic links, 92
Field blanking, 3, 63
Field recording, with R-DAT, 172-6
Film:
3-line VITC, 131-2
3/2 pulldown transfer, 132
16 mm timecodes, 113-14
24 frame timecodes, 64, 112-14
binary group usage, 241-5
film Type Identifier Codes, 123
machine-readable timecodes,
123-7
transfer to video, 127-31
unlocked shooting, 1701
wide-screen format, 1324
Firewire (IEEE, 1394), 92, 95, 96
Flutter, 26, 149, 200

Frame rate, 1-2

French National Standardization
Office (AFNOR), 38

Frequency modulation in recording,
9-10

Frequency and resolution, 34

Frequency shift keying (FSK), 22

Future developments in timecode,
222

Genlocks/genlocking, 161-2, 186-8
Global Positioning System (GPS),
147, 166
applications, 183
concept, 179-81
signal characteristics, 181-2
time data, 182-3
Global standard frequency and time
transmissions, 258-9
GLOSNAR, 147, 166
Group of pictures (GOP) MPEG-2,
68,70, 71
Guard bands/tracks, 10, 108, 148
Guide audio, 171, 172, 173, 176

Heads, see Recording heads; Replay
heads

Helical scan, 10-11, 26, 79, 92

Hexadecimal system, 18-19

Hi-8 video format, 95-7

Hi-band U-Matic, 76-8, 190

High definition video, see 1125/60
systems

Horizontal ancillary data (HANC),
64-6

Identification (ID) words, 96-7
1EC421, 32
IEC461, 133
IEC timecode, 36, 99-100, 100-5
conversion, 237-40
and MID], 138
IEEE, 1394 (Firewire), 92, 95, 96
Ink numbers, 212
Insert editing, 193, 194
Institute fiir Rundfunktechnik, 114
Intelligent synchronizers, 200
Interference, electrical, 27, 148, 155-6
International Atomic Time (TIA),
182, 184

Index 273

International Earth Rotational
Service (IERS), 182

IRT timecodes, 114

150646, 38, 87

1502022, 38, 243

Jam-sync, 186-9
see also Auto jam-sync;
Continuous jam-sync;
Momentary jam-sync

Jitter, 26, 49

JVC, 91

Key numbers on film, 112

KeyKode, 119-22, 1237, 190, 209,
214, 221, 254

Keylink, 131, 219, 220

Label options, editing, 211-12
Letterbox display, 132-3
Line blanking, 3, 6, 63
Line synchronizing pulse, 3, 7
Linear film transfer, 132
Linear post-production, 190-207
Location shooting and timecode,
166-89
Locking synchronizers, 197-8
Logging databases, 217-19
Longitudinal timecode (LTC), 3041
525/60 system, 3941, 234, 236
625/50 system, 33-9, 52-5, 233,
234
1125/60 system, 61-2
in ancillary data, 646
byte arrangement, 33-5
corruption, 155-7, 157-9
crosstalk, 148-51
D-2 composite digital format, 87
development, 30
digital video, 92-5
drop in replay level, 27
pre-striping, 193
shortcomings, 41
wave-shaping, 148
word form, 32
Luminance signal, 4, 6, 83

Machine-to-machine transfer, 153
Magnetic recording/replay, 7-8
Master-slave synchronization, 197-8
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MIDI:
channel messages, 135-6
full-frame messages, 140-5
and TEC timecode, 138
MIDI timecode (MTC), 138-46
Quarter-frame messages, 138-40
synchronization, 137-8, 145-6
system messages, 137
Midnight rollover problem, 177-8
MII format, 7, 834
Momentary jam-sync:
multiple machine, 163, 1667
restriping, 1534, 156, 157-8
MPEG-2, 66-75, 92, 95, 96
compression principles, 66-70
packetized data timing, 70-1
reference clock synchronization,
74
transport stream timing, 714
MSF time and date code, 1846
MTC (MIDI timecode), see MIDI
Multi-machine operation, 1534,
161-2
Musical Interface Digital Interface,
see MIDI

NAB, /% in centre-track analogue
audio, 107-9
Nagra, 107, 108, 109, 173, 2604
National Panasonic, 7, 88, 91
National Physical Laboratory Time
and Frequency Service, 185
NICAM data blocks, 223
NiCd batteries, 161
Noise bars, 79
Noise reduction, 25, 147
Non-linear editing/ post-production,
208-22
label options, 211-12
logging, 169-71
logging databases, 217-19
maintaining labels, 214-15
organization of, 209-11
syncing options, 212
with /without external databases,
220-1, 222
Non-return to zero code, 21-2
NTSC system, 2-3
and, 24 fps pictures, 217
colour, 4-field sequence, 230-2

colour for, 5-6
control tracks, 12, 19-20
see also, 525/60 systems

Off-line editing, 190-2
Optical multiplex film transfer, 132

Packetized data timing MPEG-2, 68,
70-2, 73, 95

‘PAL system, 2-3

and, 24 fps pictures, 215
colour, 8-field frame sequence,
230
colour for, 5-6
control tracks, 12, 19-20
see also, 625/ 50 systems
Panscan display, 1324
Paper time, 182
Parity checking, 28-9, 43
Pb/Pr chrominance signals, 7, 83
PCM audio, 80, 82, 95, 97
Phase distortion, 24-5
Phase shift, 5
Phase-locked-loop oscillator (PLL),
74
Picture black pre-recording, 3, 193
Playback shoot, 171
Post-production, see Non-linear
editing/ post—production
Power supply back-up, 160-1
Pre-roll, 1934
Pre-striping tapes, 77, 193
Preambles, AES/EBU digital
interface, 223-5
Presentation time stamps (PTS)
MPEG-2, 70-1
Pro-DIO code conversion, 238—40
Pro-R time, 101-2, 23740
Prodigi format, 105-7
Programme clock references (PCRs)
MPEG-2, 68-70, 724, 75
Protocols, 14
Pseudo Random Noise (PRN)
scrambling, 181
Psion Organizer, 175
Pulse edges, 25

Quadruplex cue track, 30
Quarter frame messages, MIDI,
13840

R-DAT format/recorders, 17, 97-105
in digital post-production, 206-7
for field recording, 172-6
and IEC timecode, 99-100, 100-5
timecode in shuttle, 104, 105

Radio links, for video-audio, 167-9

Real-time MIDI messages, 141-2

Record-run codes, 160, 161, 177

Recording formats, 76-111

Recording heads, 7, 9-11

Recording levels, 110-11

Reel numbering, 178

Reference clock synchronization,

MPEG-2, 74

Regeneration:
digital signals, 25
timecode, 148-51, 152, 153

Remote timecode generation, 176-7

Replay heads, 8, 9-11
dirty, 27

Reshaping, timecode, 151

Resolution and frequency, 34

Resolving audio to video, 172

Restriping LTC, 157-8

Retiming, timecode, 151

Return to zero code, 21

Rubber numbers, label option, 212,

213

SECAM system, 2

colour for, 5-6

colour frame sequence and

editing, 232

VITC detail, 48
Self clocking codes, 20, 21, 42
Self resolving of timecode, 171-2
Set-up MIDI messages, 142-5
Setting timecodes, 161
Sidebands, 7
Sine waves, 9
Slave lock, see Continuous jam-sync
SMPTE:

12M, 30, 51, 147, 166

135-1990 Binary Groups, 116-17,

119, 241-5

207M, 200

259M, 64

262M, 37, 117, 2468

270 standard, 123

271 standard, 123

Index 275

312M, 51
film timecodes, 114-17
RP154, 147, 166
Solar time (UTTI), 182
Sony Corporation, 7, 91
Sony DVW-700P VCR, 161, 162
Space vehicles (SVs), for GPS, 181
Spikes, 25, 27
Synch pulse generators (SPGs), 56,
162, 196
Synchronization:
digital audio machines, 165
IEC/MTC/MIDI clocks, 145-6
with non-linear editing, 212
video with audio machines, 166-7
video sources, 2-3
Synchronizers:
auto-lock, 200
chase, 198, 199
control, 198-200
hard and soft lock, 2024
intelligent, 200
masters and slaves, 197-8
MIDI, 137-8
problems of, 204-5
System messages, MIDI, 137

Tacho pulses, use of, 163
Tape:
coatings, 8
flutter/jitter, 26, 49
hiss, 150
speed, 10-11
spooling, 25
Tape heads, see Recording heads;
Replay heads
Tape logs, 178
TDF timecodes, 114, 132
Télédiffusion de France, 114
Terrestrial time, 184-6
Time addresses, 51-8, 56
Time-of-day codes, 160, 161, 177,
184-5
Timebase correctors (TBCs), 13, 26,
56, 77-8, 149-50, 155, 195
Timecode marker (TCM), 102—4
Timecode Organizer, 175
Timecode regenerators, 150-1
Timecode sync monitor, 56, 57
Timecode words, 20
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Timecodes:
24 frame film, 64
and, 1125/60 TV systems, 59-64
in ancillary data, 646
burned in, 168
copying, 148-9
correction, 155-61
and label options, 211-12
setting, 161
see also Longitudinal timecode
(LTC); Vertical interval time
code (VITC)
Timing errors/jitter, 25-6, 149-50
Transfer suite, 190
Transport stream (TS) MPEG-2, 68
timing, 71-4
Tributary interface, 201

U-Matic format, 76-8

Universal Coordinated Time (UTC),
182, 184

Unlocked video operation, 170-1

US Naval Laboratory, 182-3

User bits, LTC word, 31-2

USS128 standard, 123

Vertical interval sub—carrier (VISC),
7,84
Vertical interval timecode (VITC),
41-51
3-line for film transfer, 131-2,
254-7
3-line VITC, 222
525/60 system, 44-5, 48-50, 50-1
525/ 60 waveform specification,
235, 236
625/50 system, 44-5, 52-5
625 /50 waveform specification,
233, 235
1125/60 system, 62—4
in ancillary data, 64-6, 67, 68
application problems, 154-5
bit assignment, 49-50
colour framing, 232

corruption, 160

digital, 59, 60-1

digital video, 92-5

error detection for, 28

line setting, 178

word form, 41-3
Video signals, 1-2, 9
Video sync generator, 187-9
Virtual machines, and the ESbus,

200, 202

Wave-shaping, 148

Weighted values, 16
Wide-screen format films, 1324
Words (digital data), 16

Wow, 204

2’s complement coding, 18
3/2 pulldown transfer, 132
4:3 scanning, 1324
24 fps pictures in NTSC, 217
24 fps pictures in PAL, 215
525/60 systems:

drop-frame codes, 56-8

LTC waveform specifications, 234,

236

LTC word, 33-5, 3941

VITC waveform specifications,
235, 236

VITC word, 44-5, 50-1

see also NTSC system

625/50 systems:
colour field sequence, 231-2

LTC waveform specifications, 233,

234

LTC word, 33-9, 52-5

VITC waveform specifications,
233, 235

VITC word, 44-5, 48-50, 52-5

see also PAL system

1125/ 60 systems:

LTC, 61-2

timecodes, 59—64

VITC, 624
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THIRD EDITION

TIMECODE

A USER'S GUIDE
(JOHN RATCLIFF

Recent radical changes in timecode technology,

location shooting and post-production working

practices have been brought about both by the

fragmentation of the television programme making

industry and by a dramatic increase in affordable

digital transmission and editing equipment and
systems. With the expansion of non-traditional television service providers (cable,
satellite and video-on-demand) almost anything goes as far as shooting and editing
formats are concerned.

MEDIA BROADCASTING

Timecode: A User's Guide is an indispensable reference for anyone needing to get
to grips with the many aspects of timecode, whether in-house or on location.

The third edition of Timecode takes these changes into account, to now include:

@ timecode and DVD. LTC & VITC in HANC packets in the serial digital TV interfaces
® timecode in IEEE 1395 (Firewire)
® timecode and digital video cassettes
new recording formats of DVD, DV mini cassettes and D6 are included
4:3 scanning for wide-screen films - standards updated
new material to cover new working practices
new appendices to cover the global LF time data transmissions and time data
embedded in BBC transmissions

Advice is also given on avoiding and remedying faults and errors.

Contents: Basic video and magnetic theory e Digital processings The timecode worde
Recording formats and timecode ¢ Timecode and film ¢ Timecode and MIDIe Working
with timecode e Timecode on location e Timecode and linear post-productione
Timecode and non-linear post-productione Timecode and the AES/EBU digital audio
interface e Appendices

John Ratcliff was formerly Head of Production at Ravensbourne College of Design
and Communication. He has written and presented courses on Timecode, Digital
Audio Operations and Stereo Sound for all the UK independent television
companies. He has also produced a number of corporate videos and acted as
technical advisor on documentaries, applying many of the technigues of timecode
data management systems covered in this edition. He is co-author of Single Camera
Stereo Sound and a contributing author to The Audio Engineer's Reference Book,
both published by Focal Press.
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