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ABSTRACT

The most striking characterlstlic of dlglital audio, and possibly

the most controverslal, 1s 1Its intrinsically high sonic quallty.
However, thls may not be the most significant benefit (n terms of
commerclal applications, Characteristics such as archivability,

flexIble processing techniques, time base Independence and rapld
accessibility offer efficlent and powerful capabillties. This paper
discusses the Implementation of one unique feature: random access
edlting. Through the use of large capaclity rotating magnetic medla
and a smoothing buffer, 1t Is possible to create and/or modlfy
splices rapldly, audlition them, then play the varlous cuts in one
continuous stream. Such a system also enables various forms of
processing (lIncluding such standard functlons as fadlng, mixing and
equallzation) to be Imposed on +the signal, as well as enabling
different forms of Interactlon including display of audio waveforms.



0.0 INTRODUCTION

The first world-wlde commerclally avallable digital recording
and random access editing system was publicly demonstrated at the
56th convention of the Audlo Englneering Society In New VYork City,
November 1976 [1]. Since +that +time, *the high sonic quallty of
digital recordings has recelved significant attention. Digital
audio has many other beneflclal characteristics, however, that will
undoubtedly help secure I1ts place as a viable recording technology.

These unique characterlistics Include freedom from generation
foss durling copylng, the abllity +to play repeatedly wlithout
degradation, archiving without gradual deterloration over time, ‘the
ability to perform complex diglital processing (such as deconvolution
[2] and mixing [3], [4]), and the fact that the +time base of the
recording Is "frozen" thus allowing rapid and flexlble operations to
be Implemented.

An example of the latter Is random access wedlting, a process
that has been used by Soundstream slince early 1978 to edlit over 200
recordings. This paper dlscusses the operating characteristlics and
design criterla for one form of random access edlting and will
outiine a new system architecture that has been developed.

1.0 GENERAL CONCEPT OF EDITING

Editing 1n general is a highly skilled and Important part of
the creative process whether It be In wrlting, flIm or video
production, or the recording of music. I+ allows the creator
freedom In producing the desired result.

The process |Is essentially +the same regardless of the
appllication. A variety of source material 1s created, only part of
which may eventually be used. The materlal 1s examlined and
deslrable portlons are selected. They may be repllicated and/or
processed In some way and a sequence determlned. The final
selections are +then [Jolned In some fashion that provldes a smooth
transitlon to produce the desired result. The process may then be
repeated for reflnement,

This paper s concerned primarlily with the edliting of recorded
sound (e.g., music) although +the «concepts +o be dliscussed have
general appllication to all forms of edliting. Hlstorically, several
approaches 1o edltlng muslic recordings have evolved. Initlally (and
recently In the case of dlrect-to-dlisk recordings), recording would
simply be repeated until a sultable product was rea!lzed.

With the advent of magnetlc tape, the concept of
"cut-and-pasting® source materlal developed. With this technlque,
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actual source tepes were altered making It difflcult to make
changes. As multl-track recording came Into exlstence, +the
technique of "punch-1n" and "punch~out" became popular. Agaln, the
orfginal sources were altered but thlis +ime magnetically and, of
course, during thelr actual creation [s3.

The development of dligltel recording has resulted In additlonal
editing technliques. In one approach, digital tape Is physically
cut. However, to avold an audible thump at the splilice point, I+ Is
necessary to use an electronlc process to provide an undetectable
transition [6].

In another approach, a form of electronic editing, simifar to
t+hat used In video edliting, Is avallable. In this process, selected
takes of the source materliai are copled to a destination tape with
an electronlic transitlion being used at the spllice polints [7]. This
avolds the need to physically alter the source materlal, but the
order In which editing proceeds must still correspond to the final
edlted sequence; changling a spllce once one has moved on can be
time consumling.

A third approach (actually one of the flrst +o be wused In
digltal edlting), uses random access of the diglital recording. WIth
thls process, the deslired sectlons are agaln copled to a destination
tape. However, the sources sare flrst coplied, In any order, to a
random access memory (l.e., computer disk}) from which the edliting Is
done. This eliminates the necessity of workling In sequential order.
As wlth tape-to~-tape copylng, processing 1Is used to provide
undetectable spllice transitlons and copylng Is used to assemble the
selections Into a final contlnuous sequence [8], [9].

The Soundstream edlting system, Inltlally developed seven years
ago, uses the random access approach. However, a signiflicant new
technlque has been employed within the last two years: & time base
smoothing buffer Is used to produce the flnal edlted materlal. The
smoothing buffer essentially jolns discontinuous selectlions Into a
smooth, continuous result without the need to copy. Note that oniy
dlscontinuities In time base of +the signal ere affected--signal
values are not changed. We have called this a "Contlnuous Random
Access Edlting System (CRAES)." As wll! be seen, +this allows much
faster and more flexlible editing.

2.0 DESCRIPTION OF THE EDITING SYSTEM

The use of computers and random access memorfes +to process
digital audlio predates the commerclal appllcation of digital
recording technology. The technlque has been used for many years
both 1In a research environment (e.g., [10]) as well as, more
recently, In commerclal recording (e.g., [8], [9]). While +he
application and speclflc deslign of +the systems vary, all have a
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common feature: real~time playback of & flnal set of audlo data
requires that +the dliglital samples be located contliguously on the
computer disk. Thus, at some polnt In using the system, copyling Is
required +to assemble +the varlous pleces; +this, of course, takes
time, reducing the effliclency and degrading the Interactlive nature
of the system.

The baslic concept of a contlnuous random access editing system
Is shown In flgure 1 (note that this system Is not Iimlted to audio
edlting appllications). From +this block dlagram, the followlng
several princlpal elements are apparent.

First, a large random access memory (e.g., rotating magnetic
disk) 1Is used +o store the varlious takes of the source recordlng.
The selectlons are stored In any conventent order via a transferring
process In which +the selectlions are dliglitally copled from the
origlnal sources (for exampie, & portable dlglital +taepe recorder).
The selection sequence In the random access memory can be arbltrary
and need not correlate with +the flnal edlted order. This
assemb|age, then, serves as the data source during edlting.

Second, a small volatlile memory holds +the bridges used +to
produce the splice polnt +transitlions. Because these brldges are
small compared to the total amount of audio, +this volatile memory
can be two to three (or more) orders of magnitude smaller than the
random access memory. The bridges are nothing more than a properly
contoured cross-fade (or smear) between the lead-out of one take and
the lead-In of another. As spllces eare created, audltloned, and
accepted, these ‘"smears" are saved In the volatlile memory awalting
final playback. As will become apparent, part or all of the edlted
materlal may be auditioned at any time during the edl+ling process.

Third, a +*Ime base smoothing buffer |[s used +o creoate
contlnuous output from +he discontlinuous selections In the random
access and the volatile memory. The use of this buffer eliminates
the tIme consuming need to copy the varlous takes and brldges Into a
single contliguous section. The detalls of the smoothing buffer are
discussed |ater.

Fourth, a splice +table (or "menu") |Is created durlng the
editlng process to control playback of the recorded matertal. This
table conslists of Instructions that describe what portlons of what
selectlons are +to be used, the order in which they are to be used,
and the parameters of the cross~fades at splice points. The table
can also contaln Instructions describing optional processing (such
as fades) to be performed on particular sectlons.

Fifth, a dlgital controller Is used +to Interact with +the
system. During playback (which may occur at any +ime during
edlting) the controlier uses Instructlions from the spllice +table +to
select approprlate materlal from +t+he random access and volatile
memory, and to direct that materlal to +he +time base smoothing
buffer. The smoothing buffer then creates the continuous program,
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In real-time, and presents it for listening (or for dligltal transfer
to a sultable dlgital recorder). Thus playback occurs virtually
instantly (without the need to copy) according to the menu created
during edlting.

Sixth, a console and graphics package are used to provide the
means of Interactlon wlth +the system. Through the console, the
spilce table Is created by auditlonling the selectlions, indlicating
splice polnts, speclifyling splice parameters (which are flexlble over
a wlde range of values), auditioning the proposed splice, and +then
saving the related parameters In the menu. The graphlics package may
be used to visually Interact with the audlo to assist in reflining
particular splices.

Finally, optional slgnal processors may be imposed at varlous
polnts In +the system. Depending upon [ts nature and the speclfic
hardware configuration, +the processing may or may not be In
real-time. For example, as shown In flgure 1, data could be
processed (In this case, In real-time) before entering the smoothing
buffer +to fade, equalize, etc. Processing could also take place at
the output of the smoothing buffer or even in-place 1In +the random
access memory prior to playback.

Usling such a system for edltling, +then, reduces +to a simple
concept: creating the splice table. Once the orlglnal source data
has been transferred Into +the random access memory, all other
elements of +the edlting already exlst. Since the splice table
serves as the master control of the editlng process, modiflications
to the +table are Instantly reflected 1In the flnal result. By
creating several such splice tables, all of which refer to the same
source materlal! In +the random access memory, several proposed
splices or even several complete Jobs can be Instantly auditloned
and +the best selected. And, of course, since all the source data
can be accessed at random, there are no editing delays imposed by
rewind or fast-forwarding time.

3.0 DETAILS OF THE TIME BASE SMOOTHING BUFFER

The time base smoothing buffer, which 1s +he key *to the
operation of +thls system, Is detalled In figure 2. As shown, the
system Is bi~-directlonal. For simplicity, the following discusslion
refers +to use of the buffer during playback; operation as an Input
device Is simllar, however.

The bastc component of the smoothing buffer (s a high speed
electronic memory (FIFO) controlled by an external clock. The clock
provides the tIime base for the system and thus controls the passage
of audlo samples out of the system.

The "Input" side of +the buffer receives audio data in
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discontlinuous pleces (normally these come from the random access
disk memory but, In fact, can come from any source). As samples
enter the buffer they are stored In the next avallable locatlion In
the electronic memory, adjacent to the end of the previous set of
data.

Simultaneously, samples are clocked out of +the ‘Youtput" slde
under control of a crystal osclllator. Thils ensures a flxed time
base at the deslred sampling rate. By selecting the proper clock
frequency, +this same system can be used to edit recordings made at
different samplling rates. The dlgltal samples can then be dlrected
to a D/A converter, for audlitlioning, and/or directly to another
dlgltatl storage device (through a suitable adapter, [f necessary).

To provide proper synchronizatlon, +the buffer contains a
controller +hat requests new data from the Input slde as needed.
The design Js such that the buffer remains as full as possible at
all +imes. This ensures the greatest resiliancy in operation.

Two polnts should be mentioned. First, the slze of the buffer
memory determines the amount of dliscontinulity that can be smoothed.
I1f the buffer Is sufflclently large, the access +o +the Individual
groups of data can be relatively slow, thus widening the cholces of"
technology employed In +he rest of the wedlting system (l.e., +the
random access memory).

Second, the same buffer can be used wunlversally wlith any
digltal format. As mentioned above, the basic clock (which can be
supplled by an Internal programmable clock or an external devlice)
determines +he samplling rate of the editing system. Also, a
suitable adapter can be used to match the protocol of +the system
with that of any other digita! storage device.

When used to 1Input data, +the buffer actually dlivides the
continuous data from the digital recorder (or a separate A/D) Into
discrete sections., This Is done because access to the random access
memory 1Is constralned +to be In small groups separated by a sllight
delay. This procedure allows for the smooth, uninterrupted Input of
the diglital samples.

4,0 DESIGN CRITERIA FOR A CONTINUOUS RANDOM ACCESS EDITING SYSTEM

Soundstream first beganr using random access wedltling 1In 1976
with experimental digltal recordings;  +the first commerclal
application took place In 1978. Dozens of recordings were edlted on
that prototype system and provided éxperience from which to draw in
specifying the design criteria for an Improved, continuous random
access system. Development of that system began in 1980 and was
first used In May 1981. Some of the more Important criterla were as
follows.
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1. The system had to be fast and highly Interactive. It was
(and 1s) our flrm bellef that +he rapid ability to concelve of an
Idea, try It, and evaluate It, does much to enhance creativity In
editing (or, for that matter, In any other aspect of recording).

2. Editing had to be as natural and easy as possible (wlithin
the context of electronlic editing) so that users wlthout speclific
technlcal training In computer technology could learn the system
qulckly and reliably. .

3. Limltations In the capaclty of the system had to be small
or, If possible, non-existent. Parameters such as the length and
contour of the cross-fade at spllice points, on-line random access
capaclty, length of previews, etc., should not Impose arbltrary
constralints on the editing process.

4. The system should provide for as many dlfferent modes of
Interactlon as possliblie during editing tncluding aural, visual and
tactlle. Thls would allow a varlety of approaches to locating and
refining splices.

5. The system should be capable of edlting as many +tracks as
possible within the constralnts of avallable hardware.
Speclifically, It should not be limited to two-track recordings.

6. Edlting should be precise, l.e., sample resolution, yet
locating of desired mater!al should not be cumbersome. The method
for referencing locations should be natural and flexlble (including
time, assigned names, and/or sample number).

7. The system should be adaptable as needs became apparent and
technology evolves.

8. The editing process should be Independent of recording
equipment standards (a unlversal edltor).

9. EdItIng should be able to proceed In any convenient order
with corrections or other changes easlly made at any time.

10. Processing, not necessartly related to editing, should be
possible Including fading, level matching, mixing, etc.

5.0 IMPLEMENTATION OF AN ACTUAL SYSTEM

A varlety of support hardware and software could be used +to
Implement +the concept of a continuous random access editing system.
Followling Is brilef description of the Instaltation at Soundstream
and [ts operational characteristics.

The baslc Soundstream editing system uses a DEC PDP 11/60
o



minl-computer as the dlgltal controller. The computer has 256k
bytes of solld-state memory, a fast floating polnt box, and ports
for terminals and graphics. Software Is contalned on a 28 megabyte
dIsk (RKO7). While a general purpose computer provlides for easy
enhancement of the editing system, specliallzed hardware could also
have been used.

The random access memory consists of +two 300 megabyte,
removable medla dIisk drives. Thls provlides a maximum capaclty of
approximately 128 mfllion audlo samples or Just over 21 mlinutes of
stereo data per drive. Although the usable capaclty of the system
is uniimited (since the disk pack on one drive can be changed whlle
the other drive [Is belng accessed), +his gives a total on-lline
capaclty of over 42 minutes of stereo, 21 minutes of four-track and
10 minutes of elght-track audlo. During edlting, thls Is reduced
slightly since, In addition to storing the source material, some
area on each disk Is reserved as scratch area and some Is reserved
to store the spllce point cross-fades (thls is +the small volatile
memory as shown In fligure 1).

In practice, the editor seldom has to be concerned with what
drive or disk pack is being accessed since a virtual mapping system
has been created. The total set of avallable packs Is considered by
the software tfo be a singie, llnear memory. The beginning of the
memory ls consldered to be sample O. A desired selectlion Is
specifled by location, with sample resolutlon, and the system
determines where and on which pack the data |Is actually located.
Each dlsk pack has a unique Identifylng number assoclated with [t;
when the edlting requires access to a pack not currently mounted on
elther drive, the system w!lll request that I+ be mounted. Locations
can be specifled efther In units of time, where the first sample on
the flrst pack 1is +ime 0, or by a record and sample number. A
record 1s a block of 1024 samples; +the notation 400;121 would mean
record 400, sample 121 within that record. Also, as each selection
Is transferred Into the memory, a name Is assligned so that It can be
referenced by thls name as well.

The smoothing buffer was designed by Soundstream +to Interface
directly +to +the DEC computer .and the disk drive controller. |+
contalns up to a megabyte of solld-state memory and Is controiled by
a programmable clock wlth sufflclent resolution +to provide all
commonly used sampling rates Including, 50 kHz, 48  kHz, 44,1 kHz,
etc. The tnterface can accept dIgital data dlrectly from a
Soundstream diglital recorder or, vlia one of several adapters that
have been desligned, from most of the other digltal recordlng systems
currently In use. Simllarly, diglital output from the Interface can
be dlrected to a D/A system for audlitioning and/or to a dligital
recorder.

The buffer can be operated In two, four, or efght track mode.

In the efght track confliguration, data Is ftransfered to or from dlsk
at the rate of 400,000 samples (or 6.4 million bits) per second.
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Control of the system Is via a software program, called "“DAP"
(for "Digttal Audlo Processor"), that provides specliflc commands and
keyboard functlons +to Initlate +he various wediting processes.
Approximately 60% of +the software Is written in FORTRAN with the
remainder In assemb!y language. Interactlion Is with a "quiet" video
terminal with speclal function Kkeys In additlion to the standard
keyboard. Also used Is a Tektronix 611 high~resciution dlsplay and
a Bitpad graphlc Input device to faclllitate full graphics
capabllity.

The baslc editing process Is qulte stralghtforward. Prior +to
beglinning ed!lting, the appropriate takes to be used are transferred
from digital tape to disk. These are wusually +transferred 1In any
convenlent order (that may or may not be the same as the final
edlted order). As one dlisk pack becomes full, +the system simply
switches +to +he other drlve and notifles the operator that a fresh
pack should be placed on the flrst drive. Thls transferring process
uses the smoothing buffer In fnput mode to divide the continuous
data coming from the diglital recorder Into dlscrete chunks that can
be written to disk. As transferring proceeds, a name I|s assigned by
the editor to each selection. A complete +able of names and
locations 1Is +thus produced +to facilltate locating the selections
later.

Once *ransferring Is complete, edliting commences. Since the
varlous fransfer segments have been named, the editor can refer to
selectlons by these names and auditlion them. Of course, slince +the

audio s randomly accesslible, there are no re-wind or
fast-forwarding delays. The desired selection can be auditioned
Instantly. Since all takes are equally available, and no further
copyling Is necessary, editing can begin with any splice and then
proceed In any order. Spilces that have been completed can be

modtfled at any time.

As a posslibie lead-out for the splice of 1Interest approaches,
playback s stopped by pushing a button at the approximate splice
point. Reflnement Is then accomplished by one of several methods.
For example, +the wedltor can move the {ead-out In Increments of
arbltrary slize down to a single sample. It 1s +then possible +to
ltsten up +to the lead-out and stop; begin playing from the
lead-out; or do both with a sllight pause 1In between. Playback
durfng this process can be at full speed or, as 1s often helpful, at
a slower speed.

Alternatively, the waveform In the vicinity of the lead-out can

be displayed. Using a moving cursor on the display screen, the
preclse point can be selected (this technlque Is particularly useful
where sharp attacks are deslired). Flgures 3 +through 7 are

photographs of waveforms for different types of music. Figure 3 |Is
an envelope plot of slightly more than two minutes of music, while
the others are for much shorter perlods of time. In each of these
flgures, a vertical scale value of 32767 corresponds to a diglital
peak of approximately 10 volts. Using +these photographs as
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examples, one can see how easy [t would be to graphically place a
splice exactly at +the onset of a particular note or other musical
event (such as a cannon blast from the 1812 Overture).

Another method of refinement, provided for but not currently
implemented, 1Is +to use a "tape-rocking" simulator. Turning a knob
simulates the rocking motion of a conventional analog recorder.
Using one or more of ‘+these +technliques provides flexibility In
dealing with the variety of sltuations +that are present durlng
editing.

After the proposed lead-out has been determlined, the process Is
repeated to find a lead-in. The parameters for the splice, such as
the contour or +the length of +the cross-fade are modlfled, i f
deslired, and a test spllice Is audltioned. If +the spllce Is
acceptable, +the parameters are entered 1Into +the splice table
("menu"), +the <cross-fade Is retalned !n the volatlle memory (where
It was computed) and editing moves on to the next spllce. I1f It Is
not qulte right, the lead-In, lead~out or splice characterlistics can
be changed and the spllice auditloned agaln. Notice that the preview
length Is unlimlited and that the spllce can be heard by itself or In
the context of any number of ad]acent splices.

Because of the random access disk storage and use of a time
base smoothing buffer, +there 1Is a great deal of flexlbillity In

speclfyling the parameters of a splice. While most spllices use
cross-fades (or smears) 20 to 100 milliseconds long, some difficult
materlal has required smears of 1| or more seconds. (1+ was a
pleasant surprise for many to dlscover +that, contrary +to
expectations, such long cross-fades not only work well In difflcult

sltuations but, In fact, often produce undetectable spiices that can
not be dupllcated with analog editing techniques.) Also, +the shape
of +the cross-fade can be varled to suit the matertail., For example,
as the cross-fade Is computed, the lead-out Is gradually faded down
while +he lead-In 1Is faded up. Because Individual +takes are
somewhat uncorrelated, most requlre a cross-over point that Is down
less than 6 db to avold a noticeable dip In volume.

Figure 8 shows an actual splice point between two sine waves of
different frequency (440 Hz vs 5 kHz) and amplitude. The center of
the cross-fade Is at +the vertical |Ilne. The smear Is 0.01024
seconds long and the cross-over point Is down 6 db. The smooth
transitlon from |ead-out to lead-in Is apparent.

Figure 9 Is a photograph of a display screen from an actual
edlting sesston and shows, 1In the center, a portlion of a typlical
splice table. The numbers In the left hand column are wused +to
reference tIndlvidual spllices. The locations (In unlts of time) are
the beglinning and ending points of each splice segment wlith the
lead-out deslignated "LO" and the lead-Iin "LI." The names In the
center column refer to the takes being spilced +together and the
right hand column [ists the length of the cross~fade at the splice
polint (0.04096 seconds) and the cross-over value (-4 db). These
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parameters, of course, may be dlfferent for each splice. The total
length of the side 1Is Ilsted under the table (In thls case, Just
over 25 1/2 minutes). Flnally, the rest of the screen dlsplays
varlous system parameters. At the +top 1Is a Job <code, the
Identlfcation numbers of the disk packs currently on-ilne, and +the
date and time. The values at the bottom Include the current spllce
point (SP), lead-out (LO),; lead-In (LI), audition length (USE) and
smear width (SMW). The dashed Ilne Is part of a moving dlsplay that
Indlcates relatlive positlion durlng playback (+he splice polnt being
marked wlth an asterlsk).

At any time durfng the editing, several or all of +the splices
can be auditioned +o hear +them In context. Changes to splices
already completed can be easlly made. Once all spllices are
finished, the wentire edited materlal Is auditloned and digttally
transferred to a digltal recording system for subsequent mastering.
During +this process, as with the initlal transferring, the software
informs the editor well In advance 1f a new dlsk pack must be
mounted to ensure an uninterrupted procedure.

The system has other capabliltles in additlon to those wusually
assoclated with editing. Signal processing, such as multi-track
mixdown, fading and deconvolution, has been programmed (although not
all are real-time). Also, some unique technliques have developed.
For example, a pop or tick (perhaps produced by a line transient or
a chalr belng bumped) can be quickly located, graphlcally displayed
and ellminated by simply Interpolating +the waveform for a few
samples In the vicinlty of the tick. As another example, certailn
sectlons of music can be repeated over and over agaln +to qulckly
produce loops. This +technique has often been used to create long
stretches of amblence when only a few short, qulet sections are
avallable.

Furthermore, because a genera! purpose computer Is used as the
controller, the system can adapt as additlional needs are Identifled.
One Interesting concept +that has been wused Is +to verify the
Integrity of digital data. [t is easy to transfer souce materlal
onto disk, back to tape, and back to another dlisk and +then +to
compare the data blt by bit. In dolng so, preventive maintenance of
the digltal playback and transfer processes can be easlly performed.
It 1s standard procedure to quallfy the system by such a "full loop"
procedure prior to each editing session. If a single bit [Is wrong
out of several minutes of audlo data (a rare occurrence), the system
Is Immediately dlagnosed and repalred. The same process has been
used to verlfy edited master ‘tapes that have been archived for
several years with the original sources to certify +the absence of
any degradation.
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6.0 CONCLUSION

I+ can be seen, then, that digltal recording promlses much for
the Industry 1In addition +o high sonic quallty. Considerable
development remains In all aspects of this +technology before Its

full potential can be reallzed. However, wlth the variety of
digltal recorders, mixing consoles, and other perlipherals becoming
avallable, as well as +the edlting system Just described, new

creatlive tools and techniques are already finding thelr way Into the
malnstream of recording actlivity.
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Figure 2. Architecture of a time base smoothing buffer.
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Figure 3. Envelope dlsplay of the final 2:15 of the 1812 Overture.
Large peaks are cannons. Note the extra cannons at the end of thls
speclally edited demonstration.
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Figure 4. Waveform of a single cannon biast from +the 1812 Overture;
duration Is 2 msec. The vertical scale is the full 16 bit range.
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Figure 5. Organ note from the Saint-Saens Organ Symphony. Duration Is
400 records (see text) or Just over 8 seconds.
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Figure 6. Violln waveforms from Vivaldl's Four Seasons; duration Is
0.5 seconds.
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Figure 7. Waveforms of a plano and fiute from an eight-track record~
tng; duration ts 0.5 seconds.
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Figure 8. Splice point between a 440 Hz and a 5 kHz sine wave of dif-
ferent amplltudes. Duration of the <cross~fade Is slightly more than
1/100 of a second.



CIS170  Packs: 61, 78 14:37 25-AUG-82 Wednesday
L n O,SB 41664

14 L0 (M) 1:52, 623963 ABB:ABA;A 10:00.821279,
LT (H) 1:56.837868

15 L0 (M) 1:57.951569  AGA:ABC;A €0:00.921279, -4.0040 d3)
LI (1) 2:93.868697

1 46 L0 (M) 2:12.126886  ABC:ABD;A (9:00.821279, -4.0880 d))
LI (H) 2:15,02081

"7 L0 (H) 2:17.354845  AGB:ABD;A (8:80.942553, -4.080¢ d3)

Total Length  71708;

DAPYID

780 (25:25.798545)

SP' (M) 17:25,379999 LO: (M) 18:04,437589 C14A
USE:

0:45, 454079

LI: (W) 18:38.621648 C16

SHy: 0:09.0863839
{8 Trks: Holti-track}

|
*17:22, 358399 P Jrreres

-
17:27.614389%

Flgure 9. Portion of a splice table from an actual editlng session.



