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Television Audio Technology 

1. The BI’SC Multi-Channel Television 
Sound System. By Curl G .  Eilers, Zenith 
Electronics Corp., Glcnvicw. 111. 

The BTSC multi-channel television 
sound system (MTS) providcs for a full 
IS-ktiz audio rcsponsc stereo pair with 
low distortion and signal-to-noise ratio 
(SNR) equivalent to the monophonic au- 
dio component. Also providcd is a sepa- 
rate audio program (SAP) with a 10-kHz 
audio response at  reasonably low distor- 
tion and an S N R  slightly inferior to the 
monophonic main program. A profession- 
al channcl is also provided for usc by the 
broadcaster. 

Over 150 TV stations havc gonc on the 
air with BTSC MTS in the short time 
sincc FCC authoriration on April 23, 
1984. Almost one-half of newly manufac- 
tured top-of-the-line color television rc- 
ceivcrs arc MTS-equipped, and two of the 
major television broadcast networks arc 
providing programs in stereo sound. 

2. Audio Companding for the BTSC MTS. 
By Leslie B. Tyler, dbx, Newton, Mass. 

BTSC multi-channel television sound 
includes a sophisticatcd noise-reduction 
system (compander) as an integral part of 
thestandard. This paper reviews the ratio- 
nale for including a compander and the 
choices made in the BTSC design. The 
compandcr’s cffects on signal-to-noisc ra- 
tio, dynamic range, distortion, coverage 
area, and multipath are discussed. Rcfcr- 
cncc is made to the extcnsivc objective and 
subjcctivc tcsting done by the EIA in cval- 
uating transmission and compansion sys- 
tems. 

Thc presentation includcs a demonstra- 
tion comparing MTS performance both 
with and without companding. 

3. Transmission System Characteristics 
Affecting SAP Performance. By Robert 
M .  Unetich, ITS Corp., McMurray, Pa. 

The growing industry expcricnce with 
stereo transmission indicatcs that in  most 
cases acceptablc stereo performance can 
be achicvcd with fairly modcst changes to 
a TV station’s transmitter and diplcxcr. 
Field cxpcricnce also indicates that thc 
succcssful addition of a secondary audio 
program (SAP) will be morc difficult be- 
cause of video component interfcrcncc 
and aural systcm deficiencies. Based on 
the observation of both lab and field tcsts 

of SAP systems, a set of requirements for 
systcm pcrformancc has bccn cstablished. 
Means for achieving this level of perfor- 
mance arc also explorcd in this papcr. Thc 
usc of SAP for other than standard audio 
transmission is also cxplored, and ficld 
test rcsults of a direct frequency shift- 
kcycd SAP data transmission system are 
reported. 

It is expected that the use of the SAP 
channel will expand significantly in thc 
next few ycars. This paper attempts to 
cxplore the system considerations neccs- 
sary to facilitate the use of this channel. 

4. Production Facilities for MTS. By 
Douglas F. Dickey, Solid State Logic 
Ltd., Oxford, England. 

Stations which havc cquipped for 
multi-channel television sound transmis- 
sion have discovcrcd a non-technical 
“bug” in thc system. There is a distinct 
scarcity of quality stereo program materi- 
al. While devices for sterco synthesis have 
provcd useful as an interim measure, thcre 
is significant controvcrsy as to whether 
thcy cnhance or degrade the artistic con- 
tent of the broadcast soundtrack. I f  per- 
sonal opinions are eliminated from consid- 
eration, onc point remains clear. Such 
post - m i x processing is bcyond the control 
of a program’s producer and director, and 
offers them none of thc crcative or dra- 
matic advantages of stereo. 

Moreover, the sophisticated high-fidel- 
ity capabilitics of MTS transmission and 
the improved audio quality of home re- 
ceivers have introduced a new elemcnt 
into the competitive equation. While it is 
still carly, the overall sound quality of 
particular stations and programs will 
most ccrtainly become part of thc viewers’ 
critical opinion. As was the case during 
the transition to color, deviations in the 
audio quality of national and local pro- 
gramming and commercials are alrcady 
apparent in propcrly-equipped house- 
holds, and will bccome more so. 

I f  the U S .  is to complcte its transition 
to nationwidc stereo television service, 
broadcasters who havc achieved MTS 
trunsn2ission capabilitics must also con- 
vert thcir plants for multichannel sound 
production. This is a fundamentally dif- 
ferent task from distribution and trans- 
mitter conversion, in that it affects the 
daily hands-on operating environment. It 
involves changes in tcchnique as well as 
technology. In addition to equipment up- 
grades, it may involvc acoustic modifica- 
tions, rcvisions to control room layouts, 
and cvcn structural renovation in some 
cases. 

Thc success of this conversion is mea- 

sured not only in terms of audio perfor- 
mance, but in terms of creative flexibility 
and operational efficiency. Thc challenge 
is to crcatc a plant that can produce high- 
quality stereo programming with little or 
no increase in overall production time. 
The planning process requires extensive 
dialogue between the management, pro- 
duction, and technical engineering teams. 

As a framework for that dialogue, this 
paper presents an overview of the im- 
provements which may be required, in- 
cluding sound stage and control room 
acoustics; stereo monitoring systems; live 
and post-production audio consoles; com- 
munications requirements; the audio tape 
machine complement; machine control 
requiremcnts for audio post-production; 
digital audio storage and cffccts process- 
ing; and the growing role of audio mixing 
computers. Particular attcntion is paid to 
thc functional and creative requirements 
of the audio console with regard to stereo 
production, mono compatibility, and crc- 
ation of the secondary audio program 
(SAP). 

Unlike transmittcrs, production plants 
can be upgraded over a period of time. 
Certain stcps can be taken immediately 
with little or no capital expenditure. Oth- 
ers may involve considerable time and 
money. The papcr provides suggestions 
for cstablishing the operational require- 
ments in  each production and post-pro- 
duction area, and for determining transi- 
tional and long-term priorities. 

5. Audio Processing for Broadcast Televi- 
sion Transmission of Stereophonic Sound. 
By Robert Orban, Orban Associates, Inc., 
San Francisco, Calif. 

Audio processing combines engineering 
and esthetic considerations. There are no 
measurements which adequately describe 
the “sound” of an audio processor, which 
is in general a non-linear, time-varying, 
program-adaptive system. The usual fre- 
quency response, noise, harmonic distor- 
tion, and inter-modulation distortion 
measurements are made on static test sig- 
nals. While a good audio processor will 
exhibit good performance in these instru- 
ment tests, the ear must be used to assess 
other aspects of audio processor design. 
Some of thesc aspects include consistency 
(are there annoying variations in audio 
quality or loudness when switching be- 
tween sources‘?), loudness control (do ccr- 
tain types of program material produce 
irritatingly high loudncss?), and freedom 
from overt processing artifacts. Somc of 
these artifacts (which should not bc 
present in  any well-designed processing 
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General Arrangements Co-Chairman Michael 
Bailey at the Get-Together Luncheon. 

system) include noise breathing (audible 
“pull-up” of background noise during 
pauses), pumping (unnatural short-term 
loudness variations which give the subjec- 
tive impression that “holes” are constant- 
ly being punched in the signal), and dy- 
namic distortion (where a complex signal 
will sometimes sound overtly fuzzy or dis- 
torted, even i f  the processor produces 
clean sinewave measurements). 

All of the above considerations apply 
regardless of whether the transmission 
channel is mono or stereo. In the case of 
broadcast TV, many of the older-genera- 
tion mono processors fell short in a t  least 
one of the above areas. Because of the 
minimal-quality audio sections of most 
mono TV receivers, these shortcomings 
wcrc gcncrally unnoticcd by most viewers. 

The advent of stereo broadcast TV has 
changcd this situation. Many of the new 
stereo TV receivers are provided with au- 
dio sections of substantially higher quality 
than their mono predecessors. In addition, 
the rise of thc intcgrated home audio/vi- 
dco entertainment center has resulted in 
many consumcrs’ connecting the audio 
outputs of their stereo TV receivers direct- 
ly to high-powered amplificrs and high- 
quality, high-fidelity loudspeakers. Under 
these conditions, processing artifacts 
which were formerly masked by inade- 
quatc sound scctions of mono TV receiv- 
ers become painfully obvious to the ear. 
However, it must bc simultaneously re- 
membered that whatever audio proces- 
sing is applicd to stcrco TV must also be 
compatible with the smaller mono receiv- 
ers which arc still in  the vast majority, and 
which will continue to be so for some years 
to come. 

An artful compromise is therefore nec- 
cssary between the requirements of the 
low- and high-quality rcceivers. The low- 
quality receivcrs have small loudspeakers 
wi th  poor responsc at the frequency cx- 

trcmcs. They are usually driven by under- 
powered amplifiers, and are not capable of 
reproducing high dynamic range without 
clipping and distortion. For this reason, a 
certain amount of compression is required 
with most program material to keep pro- 
gram material comfortably listenable 
through such receivers. If the dynamic 
range is excessive, either low-level pro- 
gram material will be lost in the back- 
ground noise of the typical domestic lis- 
t en ing  envi ronment ,  o r  high-level 
material will cause distoriton in the re- 
ceiver (and/or annoy the viewers’ families 
and neighbors!). The author believes that 
I0  dB of compression is optimum for typi- 
cal program material, given the real- 
world limitations of the small mono re- 
ce ivers  a n d  d o m e s t i c  l i s ten ing  
environments. 

At the same time, this compression 
must be accomplished subtly to avoid 
making it obvious on the high-quality re- 
ccivers. Ideally, the sound should be rela- 
tively “open” (i.e., very short-term dy- 
namic range is preserved), yet long-term 
dynamic range should be controlled. Do- 
ing this requires implementation of pro- 
gram-adaptive attack and release times in 
the audio processor, and also requires a 
“gating” circuit to “freeze” the gain when 
the loudness drops below a certain thresh- 
old. The details of such circuit implemen- 
tations separate good-sounding from bad- 
sounding processors. 

Stereophonic proccssors must be con- 
figured so that the gains of the left and 
right channels track together to avoid 
shifts in  stereo imaging with gain reduc- 
tion. It has been empirically discovered 
that only the slow components of the gain 
reduction need track; the fast components 
(such as peak limiting or clipping) sound 
best when uncoupled because they act 
quickly enough so that the ear does not 
perceive changes in stereo imaging. High- 
frequency limiters, which are required in 
broadcast TV processors to control the 
effects of the pre-emphasis curve, also 
sound best when the left and right chan- 
nels operate without coupling. 

In FM stereo using thc standard “pilot 
tone” method of transmission, “inter-lea- 
ving” occurs: peak modulation is deter- 
mined by the higher of the left or right 
channels. Accordingly, FM stereo limit- 
ers are configured so that the amount of 
gain reduction is determined by that re- 
quired to reduce the higher of the left or 
right channels to the 100% modulation 
point (referred to the processor output). 

Because the broadcast TV stereo sys- 
tem incorporates a noise-reduction com- 
pressor in the difference (L-R) channel, 
and because the peak modulation con- 
straints are different than in FM stereo, 
the FM stereo interleaving model is not 
entirely applicable to TV stereo. The 
noise-reduciton compressor causes ampli- 
tude and phase changes which reduce the 
amount of interleaving, and the total per- 
mitted stereophonic modulation is twice 

as high as the total permitted L+R modu- 
lation. 

It can nevertheless be shown that use of 
FM-stereo-style processing is conscrva- 
tive, in that it will always prevent overmod- 
ulation in the TV stereo system (assuming 
that the noise reduction encoder and/or 
stereo generator do not overshoot). In ad- 
dition, several experts have expressed the 
subjective opinion that FM-stereo-style 
processing provides more natural loudness 
balances and long-term stereo perspective 
than does “matrix” (sum-and-difference) 
processing. The author agrees, and rec- 
ommends that FM-stereo-style (greater 
of left or right) processing be used for 
broadcast stereo TV. 

Similarly, some have advocated that 
the entire plant be operated in sum-and- 
difference (L+R/L-R)  form instead of 
conventional Left/Right (L/R)  form. The 
author supports the L/R plant, because it 
has been used successfully in FM stereo 
for 25 years, and because a given ampli- 
tude and phase error between the two 
transmission channels causes much more 
severe damage to the stereo image in an 
L+R/L-R plant than the same error 
causes to the mono sum in an L/R plant. 

Finally, loudness control. Loudness has 
no physical reality; it is a subjective sensa- 
tion produced by the ear and brain. Con- 
siderable research has been done on meas- 
urement and control of loudness in the 
broadcast environment (most notably by 
CBS Laboratories and its successor), and 
effective automatic loudness control tech- 
niques have been developed. The author 
believes that automatic loudness control 
should be part of audio processing for ster- 
co TV to achieve highest viewer satisfac- 
tion, as measured by the lack of com- 
plaints received by broadcast stations. 

6. Panel Discussion. 

Moderator: Edmund A. Williams, NAB 
Panelists: Douglas F. Dickey, SolidState 

Logic Ltd. 
Randy Hoffner, NBC 
Larry Ocker, WTTW 
Steven Sarafian, Sony Broad- 
cast Products Co. 

Type D-1 Digital Television 
Recorder (Part I) 

7. Digital Television Recording - History 
and Background. By John L. E.  Baldwin, 
Independent Broadcasting Authority, 
United Kingdom. 
In the early 1970s there was already 

much interest in digital standards for 625 
lines. but although these studies were in- 
teresting, they could only become impor- 
tant when it was shown that the standards 
being considered could be recorded. 
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In the summer of 1971, some detailed 
measurements of TR70 channels con- 
vinced me that digital recording was feasi- 
ble and could provide markedly better 
performance for the same tape consump- 
tion. 

Working for a broadcaster (ITA, which 
later became the IBA) rather than for a 
manufacturer, it seemed sensible to men- 
tion these thoughts, which included a heli- 
cal format proposal, in a paper entitled 
“The Digital Future of Television Studio 
Centres” presented at  the International 
Broadcasting Convention in September 
1972, and in further detail a t  the Video 
and Data Recording Conference in July 
1973. At the IBC, much of the impact of 
the recording part of the paper was lost, as 
much of my time was used for a descrip- 
tion and demonstration of DICE. 

The next significant event was that it 
became possible in 1966 to obtain a Rank 
9000 (IVC 9000) recorder, which had 
many physical similarities to the format 
already proposed, as a test bed for digital 
recording. We were constrained effective- 
ly to using the existing record amplifiers, 
the heads, and the pre-amplifiers of the 
analog machine, but could change the 
form of the signal passing through them. 
We knew that only a fraction of the pic- 
ture could be recorded, and that fraction 
chosen was to be in the form of a vertical 
strip down the picture so that it would be 
possible to get some subjective impression 
of the importance of drop-outs and of the 
quality of the picture. The fraction of the 
active picture time that we started with 
was about 21%, but over a period of about 
six months this was progressively in- 
creased to about 54% of the active picture 
width. Initially we used Miller Code, but 
this changed to an 8/9 code, and finally to 
the IBA 8/10 Code. Initially theshuffling 
of word order was rudimentary, later it 
was optimum for one-dimensional shuf- 
fling. 

The recorder was taken to Venice in 
April 1977 and demonstrated to the Tech- 
nical Committee of the European Broad- 
casting Union (EBU). Pictures from the 
recorder were shown at  the Montreux 
Television Symposium in June of the that 
year. Between April and June we had 
proved interchangeability of digital re- 
cordings between machines and that half 
track width heads did not alter the perfor- 
mance. This convinced us that the whole 
picture could be recorded on a 2-in. wide 
tape travelling at  8 in./sec. The video ap- 
plied to the recorder was PAL with only 2 
eight-bit words for each cycle of sub-car- 
rier; this corresponds to 7 1 Mbit/sec. 

Soon after Montreux 1977, two manu- 
facturers became associated with our 
work in the IBA. The first was Bosch 
Fernseh, soon followed by Sony; others 
applied later. 

On the principle of first come, first 
served, a Bosch BCN (SMPTE B-For- 
mat) machine was progressively modified 
and developed to provide the ever-increas- 
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ing bit-rate requirements of proposed dig- 
ital standards and eventually gave a 160 
Mbit/sec capacity in time for the EBU 
consideration of a 12:4:4 MHz component 
coding proposal in spring 1980. A Sony 
recorder based on the SMPTE C-Format 
but using 6 heads was developed to pro- 
vide a capability of 228 Mbit/sec used in 
the important EBU demonstrations at  
Crawley Court in January 1981. 

Sony independently provided the 8- 
headed modified C-Format machines for 
the corresponding SMPTE demonstra- 
tions and tests of Digital Standards in San 
Francisco in February 1981. Many other 
important demonstrations have been 
made by different organizations, includ- 
ing the Ampex composite transverse scan 
demonstrations in the U.S. and Montreux 
in 1979. 

The Digital Television Tape Recording 
Group of the SMPTE was set up in 1979 a 
few months before the MAGNUM Group 
of the EBU was formed. Initially progress 
was slow, as the signals to be recorded had 
not been defined; progressively, as time 
passed, the rate of progress has steadily 
increased, and in the last year it seemed a t  
times that there was a risk of its becoming 
too fast. 

In theory, two groups considering the 
same subject could have led to two differ- 
ent standards or to excessive duplication 
of work. In practice there was sufficient 
common membership that liaison was ex- 
cellent, and these risks were avoided. On a 
number of occasions the totally different 
structure of the two groups made it possi- 
ble for decisions to be made in one group 
when deadlock threatened in the other. 

There were many controversial issues 
that needed to be resolved; to make mat- 
ters worse, a number of issues were often 
interrelated. It is not the intention to give 
a blow-by blow account of these contro- 
versies, but to give the relevant history 
when this improves the understanding of 
the decisions made or of the concepts. 
Probably thc most important concept, 
without which agreement would have 
been impossible, was that we should not 
define the digital recorder format, but 
should define the format of the digital 
recording laid on the tape. 

Theother concepts to be introduced will 
include: the self-contained segment, seg- 
ments in a field, the 2/4 channel ap- 
proach, the gap-in-the-middle, distribu- 
tion of words between sectors, distribution 
of words within sectors, channel coding 
and randomization, video and audio error 
correction and concealment, and overlap 
editing. For each concept or group of in- 
terrelated concepts, the general approach 
will be to define its purpose, to give the 
background thoughts behind the concept, 
to introduce the specific terms or jargon, 
toexplain how different realizations of the 
concept may occur depending on the 
structure of the recorder, to mention the 
history if this might be expected to im- 
prove understanding of the concept, but 

Charles J. Lipow, Chairman of the SMPTE 
Public Relations Advisory Committee, before 
the press at the press briefing. 

not to go into details of how the concept is 
realized. 

8. The User Requirements for the 42:2 
Component Digital VTR. By Willium C. 
Nicholls, CBS Operations and Engineer- 
ing, Ncw York, N.Y. 

The agreement on the 4:2:2 Component 
Digital VTR standard by the SMPTE and 
the EBU represents an outstanding exam- 
ple of international cooperation involving 
both broadcasters and manufacturers. A 
number of ad hoe groups were formed in 
the SMPTE to work on the various aspccts 
of the standard. One of these ad hoe 
groups was composed cntirely of users, 
and had as its charge the generation of a 
report detailing user rcquirements for the 
4:2:2 machine. The report accurately de- 
scribed the users’ primary rcquirernents, 
but did not specify an excessive amount of 
detail which would stifle design and man- 
ufacturing creativity. 

Delibcrate use is made of thc words 
“shall,” should,” and “may” to convey the 
relative urgency of cach requircment. 
Many items are listcd without specifying 
their exact implementation, thus allowing 
manufacturers to develop innovative 
methods. 

The main sections of the User’s Report 
are: General Requiremcnts; Tape Char- 
acteristics; Cassettes; Performance Pa- 
rameters in  Normal Play Mode; Opera- 
t iona l  R c q u i r c m e n t s ;  a n d  
Maintainability. 

This paper will address specific user 
requirements from the above list and cx- 
plain the thought processes and discus- 
sions which formed the background of 
each item. Thcy covcr configuration, 
functionality, operation, performance, 
and maintcnancc. The delicate balance 
betwcen user requircment, manufacturer 
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preferences, and market considerations 
will also be addressed. 

9. Type D-1 Digital Television Tape Re- 
corders: An Overview By Bernard f.. Dick- 
ens, CBS Engineering and Development, 
New York, N.Y.; Chairman, SMPTE 
Video Recording and Reproduction Tech- 
nology Committee. 

The D-l format was planned to meet 
the needs of TV broadcasters and pro- 
gram producers in the all-digital studio 
environment. However, consideration 
must be given to utilization of the D-1 
format recorder in the interim period 
when televison studios will use both digital 
and analog equipment. In this paper, the 
author will discuss the work of the new ad 
hoc group created to study the application 
of D-l recorders in current and future 
studios. One possible configuration of the 
D-I studio recorder to meet the interim 
hybrid studio requirements will be pre- 
sented. 

The author will also provide an over- 
view of the D- 1 format and recording sys- 
tem. 

10. Magnetic Media for DTTR. By Ar-  
thur R .  Moore and Michael P .  Sharrock, 
3M Co., St. Paul, Minn. 

A general discussion of the industry 
trends for magnetic media will be given, 
with comments on new materials. Thedig- 
ital television tape recorder (DTTR) re- 
quires the use of today's advanced partic- 
ulate tapes to satisfy the system needs. 
The tape requirements imposed by these 
needs will be discussed. The tape industry 
appears to be capable of supplying media 
having thc signal-to-noise ratios and the 
error rates, and will be addressing the reli- 
ability factors as the DTTR enters the 
marketplace. 

The DTTR 4:2:2 is designed to use 16 or 
I3p-thick, 19mm-wide tapc packaged in 
cassettes. The system is capable of making 
20 generations of copies, while retaining 
broadcast quality. Details of the testing 
results obtained with the tape samples 
submitted to the SMPTE committee will 
be summarized. 

11. TheSMPTE D-1 Cassette Family. By 
K .  Ike/P. Dare, Sony Corp., Teaneck, 
N.J. 

Unlike previous videotape formats us- 
ing a casset te  implementation, the  
SMPTE D-1 format consistsofa familyof 
cassettes specifically designed to meet 
uscr-defined needs. As a starting point, an 
examination of broadcasters' needs was 
made, and a refcrence to recent improve- 
ments in basic cassette technology provid- 
ed a substantial starting point for an in- 
tensive study which led to a final approved 
design. 

The SMPTE D-1 cassette family con- 

sists of three sizcs of cassettes, allowing 
for play timc varying from 1 1  min to 94 
min. In addition, a series of identification 
holes allows for a variety of tape thickness 
and tape surface properties to be sensed by 
the recorder player, along with four plugs 
for end-user application. The SMPTE D- 
I cassette design has been a cooperative 
effort between thc EBU, SMPTE user 
groups, and manufacturers. This paper 
will describe thecharacteristicsof the cas- 
sette in detail. 

12. Introduction to the SMPTE D-1 For- 
mat and to the Related Mechanical Con- 
figurations. By Takeo  Eguchi,  Sony 
Corp., Atsugi Plant, Atsugi-shi, Kan- 
agawa-ken, Japan. 

After a number of committee discus- 
sions and technical demonstrations, the 
DTTR Working Group of the SMPTE 
and the EBU MAGNUM Committee fi- 
nally achieved the first worldwide digital 
video recording format now designated as 
the SMPTE D-l format. 

This paper will introduce the tape pat- 
tern and some of the associated discus- 
sions which led to the D-l format, and will 
describc three difference mechanical con- 
figurations which create the same foot- 
print on the tape. 

It is expected that thcre will be some 
supporting practical results for the D-I 
format shortly, such as the achicvement of 
initial tapc interchange between manu- 
facturers. 

Type D-1 Digital Television 
Recorder (Part 11) 

13. The D-1 DTTR: The Design of the 
Electrical Part of the Standard. By Jiirgen 
K .  R. Heitmann, Robert Bosch GmbH, 
Darmstadt, W. Germany. 

The mechanical part of the D-l stan- 
dard defines thc magnetic pattern on tape. 
Thc basic mechanical work wasdone prior 
to the electrical work but not without 
looking at the electrical problems. The D- 
I track pattern allows the recording of 227 
Mbit/sec of data. The standard defines 
how this data rate is split between video 
according to CCIR 601, and four digital 
audio signals according to AES/48 kHz 
standardization. Major work was done to 
find the best solution for synchronization, 
error protcction, and video and audio sam- 
ple distribution, i.e., to definc where on 
tape each samplc should be recorded. 

The mechanical standard leads to a seg- 
mented recording, using more than one 
scan to record a field. Out of 525 lines 
forming a frame, 500 lincs are recorded by 
removing the vertical blanking interval. 
Ten helical tracks are nccded for a field of 
250 lines. It was agreed within the 

SMPTE Working Group on DTTR to dis- 
tribute the incoming videosignal over four 
adjacent tracks, insuring a minimum sen- 
sitivity of thc recorded signal against tape 
defects such as drop-outs. 

Unfortunately, it is impossible to divide 
the number of hclical tracks/field (10) by 
4. Therefore it was decided to divide each 
hclical track into two, one upper half and 
one lower half. This results in  20 half- 
tracks/field, a number which can be di- 
vided by 4. Each half-track contains one 
video sector and two audio sectors. Four 
video sectors form a segment of 50 lines. 

Following the explanation of video seg- 
ments and video sectors, the paper will 
deal with the distribution of four digital 
audio signals into the video recording. Au- 
dio and video are not only sharing the 
same heads, but to a largc extent, the same 
clectronics. A basic block diagram of a D- 
I standard DVTR will be described. 

In general, a data signal is not suitable 
for the direct recording onto a magnetic 
medium. The reason is the dc-content of 
the signal, which cannot be recorded due 
to the coupling of the rotating heads to the 
outside world with rotary transformers. 
Another point is that dc magnetization 
cannot be reproduced by ferrite heads. It 
is the task of thc channel coding to reduce 
the disturbing dc-content of the digital 
video and audio signals prior to recording. 
In the D-l format, this is done by a ran- 
domization or scrambling of the signals. 
The randomization leads to a reduction of 
the correlation in a serial bit sequence so 
that it statistically approximates a ran- 
dom scquence.The occurrence of long se- 
qucnces of logical Is or logical 0s is re- 
duced to a level which can be handled by 
the built-in error-correction scheme. 

Finally, the tracking control record will 
be explained. 

14. Specifying Error Correction and De- 
tection for a DVTR. By John P .  Watney, 
Ampex Corp., Redwood City, Calif. 

This paper will look at  some of the ex- 
perimental results and engineering judg- 
ment calls that went into estimating the 
bit error rate statistics that might be ex- 
pected from tapes to be used in the DVTR, 
and the error concealment and misdetec- 
tion rate that would be acceptable to the 
user. Knowing the gap between what is 
availablc and what is required allows the 
corrcct error-corrcctions system to be 
specified to bridge the gap. 

15. Formatting and Coding the Audio in 
the DTTR. By Kenneth P .  Daoies, Cana- 
dian Broadcasting Corp., Montreal, Que- 
bec. Canada. 

The recording of digital audio in the D- 
1 format makes useofsmall sectionsof the 
hclical tracks and associated channels 
which are optimized for recording video 
data. Appropriate proccssing and pre- 
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We wouldn’t give you an inch 
until it was perfect. 

Maxell perfects the 1” tape. 
Introducing Maxell Broadcast 
Quality 1”. Superior videotape 
technology to satisfy the 
perfectionist in you. 
Perfect for mastering. 
Maxell’s exclusive epitaxial 
formulation provides clean, 
dropout-free video, with RF 
output consistent to within 
0.2dB from head to tail. 
We’ve even licked the stiction 
problem, with uniquely 

effective resistance to high 
humidity and other harsh 
environmental conditions. 
Perfect for editing. 
Maxell Broadcast Quality 1” 
is made tough to resist 
stretching, scratching and 
head clogging. . .yet it’s made 
gentle to minimize head wear. 
So you can keep it parked in 
STILL for well over 3 hours, 
without taking the typical toll 
on the tape, video output or 
your sensitive heads. 

Perfect for broadcast. 
Our superior 1” tape stays 
that way for up to 2,000 
passes. So not only can 
you achieve perfection in 
production, but you get more 
of your money’s worth when 
you take it on the air. 
Find out for yourself. Just clip 
and mail the coupon below. 
But keep in mind: If we didn’t 
think it was perfect, we 
wouldn’t have called it Maxell. 

__- Give me an inch .______-- 
I1 Give m e  more information on 

Maxell Broadcast Quality 1”. 

n Give m e  the name of my  nearest 

I 1 Give m e  a sales call so I can 

-----------------____ m axe I I Ifi Name ~~ 

Title 
Company 

c i ty  State- Zip_- 

PROFESSlONALllNDUSTRIAL DIVISION 

Maxell Distributor. Address ~ ~ 

Maxell Corporation of America 
60 Oxford Drive. Moonachie. NJ 07074 



Leonard Coleman (left) and Jack Spring, at the Kodak-sponsored Friday evening reception. 

coding must be uscd to adapt this channel 
to thc spccial needs of the audio data for 
secure, low error-ratc rcproduction. In ad- 
dition, the processing must considcr thc 
need to intcrtace with digital signal 
sourccs, the synchroni7ation rcquirc- 
ments between thc data streams in the 
DTTR, and the special functions rcquircd 
for audio editing and othcr operational 
nccds. 

The paper discusscs the conclusions 
reached for the I ) -I  recording format in  
dctail, thcir implications, and the potcn- 
tial applications of  this format. In addi- 
tion, a summary is included of the esscn- 
tial elements concerning thc longitudinal 
tracks provided for audio and time code i n  
the D- I format. 

16. The SMPTE Type D-1 Digital Televi- 
sion Recorder - Error Control. By J .  H .  
Wilkirison. Sony Broadcast Ltd., Basing- 
stokc, U . K .  

The objective of the paper will be to 
cxplain thc mcthod of error control cm- 
ployed in the SMPTE D-l digital tclevi- 
sion recorder. Starting with a n  introduc- 
tion, which will outline fundamental 
aspccts of information cnginccring, thc 
papcr will thcn move on to outline the 
objectivcs of the crror-control schcmc. 
Thc naturc of redundancy against crror- 
correcting power will bc cxplaincd, but in 
conjunction with the constraints set by the 
operational requircmcnts of dow-motion 
and high-speed shuttle replay. 

In thc main body of thc paper, thc first 
part will dcal with the conccpt of thc con- 
catenated crror-coding structurc, wi th  its 
inncr and outer code blocks. The use of a 
combined error-correcting. crror-dctect- 

ing codc for the inncr codc will thcn dcfinc 
the optimum dccoding procedure for all 
opcrational conditions, with full error cor- 
rection possible in normal play and slow 
motion, nnd with inncr corrcction only for 
replay at high shuttle speeds. 

Thc papcr will thcn move on to detail 
the size of thcconcatenated array and the 
lcvcls of redundancy in both inner and 
outer codc blocks, and this will ultimately 
dcfinc thc dropout correction capability. 
TWO key aspects of  the error-control per- 
forinnncc will thcn bc calculated in detail. 

First, a tape error model will highlight 
thc naturc of crrors which must be cor- 
rected i n  normal play. From the tape mod- 
cl. and from thc dcfincd dccoding proce- 
dure. the ratc  of uncorrected error 
s;itnplcs can bc calculated. This coniputa- 
tion involves some statistical calculations, 
thc rcsultsofwhich can be used to indicate 
whether the visual impairmcnts at thc 
20th gcncration will be acceptable to 
broadcast uscrs. 

Thc second aspect of error-control per- 
formnncc is thc likclihood of failing to 
indicatc thc location of uncorrected er- 
rors. Thc visual impairment due to unde- 
tcctcd crrors is much greater than that for 
conccalcd crrors. Thc ratc of detection 
fiiilurc is thcrcfore an important aspect of 
thc error control codc and is calculated for 
thc most critical operation: slow-motion 
replay. The rcsults of both computations 
are positive, and indicate that thc pcrfor- 
mancc of thc crror-control scheme should 
exceed broadcasters’ expectations. 

No error-control scheme can be decod- 
ed without somc incans to define the loca- 
tion of the block start position. Thc papcr 
will explain thc principlcs of the sync 
block form;it, which is used both to dcfinc 
the location ofthc block start position and 

further to identify the block position in a 
four-field window. Since the details of 
sync block construction are available in 
the D-l format documents, the paper will 
highlight the objectives of the sync block 
format and a method of decoding. The 
decoding of valid blocks and the rejection 
of invalid data both exceed the capacity of 
the error control coding. 

Finally, the paper will conclude with 
the observation that the detailed aspects 
of error-control coding, including both the 
mcchanics of crror-control coding and the 
computations involved in the decoding 
proccsscs, arc the realms of the special- 
i7ed equipment designer. To understand 
thc error-control scheme of the D-l for- 
mat does not require a dctailcd under- 
standing of the precise mechanics, but 
docs require an understanding of coding 
objcctivcs and their reponse to a given 
tape error model. The paper will concen- 
trate on this latter part, as it represents the 
interests of a wider group of the cxpectcd 
audience. 

17. Shuffling Algorithm for the 42:2 
DVTR. By Kichord Brush, Ampex Corp., 
Redwood City, Calif. 

The author’s paper will be divided into 
thrce parts. The first part will be introduc- 
tory and will discuss shuffling in general 
terms, as it might apply to any digital 
video tape recorder (DVTR). The second 
part will discuss the requirements and na- 
ture of shuffling as it spccifically applies 
to the 4:2:2 DVTR. The relationship be- 
tween shuffling and othcr system level 
considcrations, especially the error-cor- 
rection coding (ECC) method, will be em- 
phasizcd. The third part will discuss the 
particular shuffling algorithm proposed 
by Ampcx, and adopted by SMPTE in the 
4:2:2 DVTR standard. The supcrior error- 
concealment propcrties, picture-in-shut- 
tle quality, and ease and simplicity of im- 
plementations will bc cmphasized. 

During the first part of the talk, thc 
author will answer the qucstions: “What 
is shuffling and why i t  is necessary or 
desirable for a DVTR?” The importance 
of shuffling to crror concealment and pic- 
ture-in-shuttle quality will be cxplained. 
A criterion will bc presented for quantita- 
tively evaluating a shuffling algorithm 
wi th  rcspcct to concealment, namely the 
largest tape defect that can be conccalcd 
using specificd conccalment filters. Crite- 
ria will also be presented for evaluating a 
shuffling algorithm with respect to pic- 
ture-in-shuttle quality. These include uni- 
formity of pixel distribution on the TV 
scrccn, frccdom from obvious geometric 
patterns or artifacts, and updating cositcd 
pixel components simultancously. 

Thc second part of the talk discusses 
ahuffling as it applies to the 4:2:2 DVTR. 
Thcrc is an intimate relationship between 
shuffling, the segmented recording for- 
mat on tapc, and the ECC mcthod, which 
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uses a two-dimensional Recd-Solomon 

The “sector mcmory” plays a ccntral 
role in this relationship. I t  is a byte-wide 
mcmory organized as a matrix of 600 col- 
umns by 32 rows, holding the equivalent 
of 50 lines of video data. During record, 
outer ECCcodc blocks(30vidcodata plus 
2 outer check bytes) are written into the 
mcmory array column-wise. Inner code 
blocks (60 data bytes. including video plus 
outcr chcck bytes) arc rcad from the array 
row-wise. Mathematically, a shuffling al- 
gorithm can be regarded as a permutation 
of the column and row addrcsscs whilc 
writing the outer blocks into the scctor 
memory. 

Cosited CB and CR bytes on the T V  
scrccn arc in the same inner code block on 
tape. ensuring they will always bc updatcd 
from the samc field during shuttle mode. 
To achicvc this, i t  is necessary to pcrform 
a simple recording of the bytes within ;I 
linc bcforc thcy arc scnt through the outer 
coder. This is referred to as the intralinc 
shufflc, whereas thc permutation of the 
sector incniory addresses is refcrrcd to as 
the intrasector shuffle, which is done i n  
such a manncr as to prcscrvc thc cositing 
achicved by the intraline shuffle. 

There is ii compromise between too l i t -  
tle and too much randomness in the per- 
mutation functions. Too much random- 
ness gives good picture-in-shuttle quality 
at thc cxpcnsc of conccalmcnt, whcrcas 
too little randomness gives the opposite. 
Numerous permutation functions based 
on arithmctic congruence formulas were 
investigated, using two interactive com- 
puter programs written at Ampcx. One 
program analyzed the concealment prop- 
erties of a shuffling algorithm, while the 
other gave a n  indication of picturc-in- 
shuttle quality. 

A shuffling algorithm was found which 
has excellent concealment properties and 
good picture-in-shuttle quality. To im- 
prove shuttle quality even more, a 4-field 
sequcncc variation was introduced, which 
amounts to a reversal and/or offset of the 
scctor memory row addresscs when rcad- 
ing out data to the inner coder. The shuf- 
fling algorithm was proposed by Ampex, 
and acccptcd by SMPTE for thc 4:2:2 
DVTR standard. A block diagram of the 
shuflling algorithm shows that it may be 
implemented using three small PROMS 
for the pcrmutation functions. 

(R-S) codc. 

18. The Optimization of the D-1 I Y I I R  
Standard by Simulation Techniques. By 
Roland Mester, Robert Bosch GmbH, 
Darnistadt. W. Germany. 

Thc D-l DTTR standard was agreed 
upon without the hardware realization of 
a D-l DTTR. This could only be done 
through sufficient practical experience 
with expcrimcntal digital recording sys- 
tcms. Measurements made with these sys- 
tems were basics in the standardization 

proccss. Ilxpcrimcntal experience led to 
realistic mathematical modcls. with 
which ncw approachcs could be simulated 
and optimized. The D-l standard reflects 
the theorctical dcvclopments based on re- 
:ilizcd cxperimental systems. 

A realistic modcl foundcd on mcasurc- 
rncnts is basic for every optimization by 
simulation. The model’s complexity dc- 
pends mainly on thc achieved improve- 
ments. Building up a model requircs mca- 
s u re  me n t s of csse  n t i a I h a r d  w a r e  
indcpcndent of system parameters, allow- 
ing a n  abstraction of thc cquipment used. 

A coinplex model itself should be an 
asscmbly of several submodcls, cach dc- 
scribing a special part of the system. Mod- 
ification of one of these submodcls must 
not changc the behavior of others. Thus 
the whole system can be optimized by in-  
depcndcnt modifications of the subsys- 
tcms. Fiich modification step shows thc 
effccts on the complctc system causcd by B 

su bsystc in. 
Experimental measurcmcnts of error 

visibility i n  digital TV signals made by 
Bosch and the BBC were thc starting 
point in finding thc bcst crror-protection 
schcmc. A derived mathematical modcl 
permitted thc development and optimiza- 
tion of a redundancy-frcc mapping code, 
rcducing thc visibility of single and dou- 
ble-bit errors compared to binary coding. 

The opcrating rangc of a DTTR error- 
protcction system is determincd by the 
off-tape crror ratc and the desired residu- 
al  crror rate. The errors requiring conceal- 
ment should be below 200/scc according 
to nieasurcmcnts for a perfect picture 
quality. The off-tape errors arc a cornbi- 
nation of single-bit and burst errors. This 
crror ratc was measured by several manu- 
facturers of experimental models with a 
pseudorandom data sequence, represent- 
ing a digital video signal. An average error 
statistic was agreed upon by the SMPTE 
working group as the basis for further 
work. Tapc-error statistics gave the possi- 
bility of calculating the pcrformance of 
various error-correction codes for normal 
play and stunt modes. 

A model was created concerning data 
rccovcry i n  case of cross-tracking in fast 
and slow-motion inodcs. In most stunt 
modes only one part of the crror-correc- 
tion scheme, thc inner code, is working. 
With the model, it could be verified that 
the error-detection capability of the inner 
code is sufficient in stunt modes, also. 

The analysis of cross-tracking also al- 
lowed a realistic estimation of data read- 
ability at all tape transport speeds. Com- 
bincd with a model of sevcral scanner 
types, an analysis of data pickup in stunt 
modc was possible. 

A simulation program developed by thc 
author is able to calculate thc process of 
data collcction at every tape speed. It han- 
dles any scanner type and head arrange- 
ment as well as any track pattern and 
width. Data distribution wi th in  thc tracks 
(shuffling) can be trcatcd independently, 

and every possible shuffling schcme could 
be simulated. A graphic output of data 
collection while crossing the tracks gives a 
realistic impression of the way scanner 
types and shuffling schemes work togeth- 
er at different tape transport speeds. 

The simulation was vcrificd by a shuf- 
fling scheme in an experimental system. 
As seen in carlicr attempts to optimize 
shuffling. no hardware system was as flex- 
iblc as thc computer simulation. This was 
the tool for the experts of the SMPTE 
Working Group to use in optimizing the 
shuffling scheme independent of any giv- 
en electronic or mechanical hardware. 

19. Measurements and Diagnostics in a 
digital Videotape Recorder. By Rolf 
Hedfke, Robert Bosch GmbH, Darm- 
stadt, W. Gcrmany. 

The introduction of the digital video- 
tape recorder (DVTK) will changc all test 
and mcasurenicnt procedures dramatical- 
ly. Today a service engineer can monitor 
thc analog waveforms wi th  a simple oscil- 
loscope, and can decide which part of the 
systcm IS faulty. This is not possible with 
the DVTR. The video and audio signals 
are digital data streams which are pro- 
cessed in many ways. 

The user is cxpccting a new generation 
of products to simplify all the service and 
inaintcnancc work. Therefore, the engi- 
neers will have to develop not only a 
DVTR but, in addition, new methods 
which simplify the testing procedure to 
achieve better maintenance and higher 
availability of the system. 

The digital videotape recorder can be 
divided into three parts: 

I .  The “head-to-tape” electronics is the 
most critical part. Here the digital data 
stream is converted into analog current 
for rccording, and vice-versa for playback. 
The parameters of this channel must be 
adjustcd very precisely because this part 
mainly determines the quality of the 
DVTR. An insufficient adjustment re- 
sults in  an increased error rate which can 
lead to an overload of the error protection 
scheme. Therefore it is necessary to meas- 
ure the basic parameters of the channel: 
signal-to-noise ratio, frequency charac- 
teristics, and group delay behavior. This 
can be done by a special “missing pulse” 
test signal. A spectrum analyzer is needed 
for the interpretation of the channel’s re- 
sponsc. Thc built-in crror counter can help 
to adjust the parameters because misad- 
justments result in  incrcascd error rates. 

2. The signal processing part of the 
DVTR is a purc digital systcm. Therefore 
one can use the well-known techniques of 
digital troublc-shooting: With signature 
analysis, Tor example, a special digital test 
pattern is used as a stimulus, and one can 
trace the footprints of the signal by com- 
paring thc signature with the prccalculat- 
ed pattern at fixed test points. This proce- 
durc can be done automatically i f  a 
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tacarn 3" a 
First we took out the tubes and put in CCDs. Then 

Compare it to its tube-type cousins and you'll 

we trimmed the excess circuitry associated with tubes. 
The result is the new Sony BVW-105 CCD camcorder. 

find that it's 14 % lighter, 22 % smaller and eats less 
than half the power. 510 CCD elements per chip 
generate amazingly sharp resolution. Registration 
error holds rock-steady at a miniscule .05 % 
throughout. Add the virtues of F5.6 sensitivity, instan 
startup, and high resistance to burn-in and physical 
and you have the ultimate lean machine for ENG. 

expect from CCDs, such as no lag, no rnicrophony and 
no- nonsense reliability. Plus one feature you wouldn't expect 
from such a sophisticated camcorder-a low price. 

resentative. Or call Sony Broadcast at (201) 833-5231. s ONY; 
UWUJ 

Of course, the BVW-105 has other features you would 

For more information, contact your Sony Broadcast rep- 



22. Panel Discussion. 

Moderator: Robert J .  Vavra. Video C’orp. 
oj‘Artreric~c~/7hi~hrric.olor 

Panelists: Anthony Izzo, Edit Chicago 
Mickcy Mitidcro. Luke Sirore 
Post Production 
Lcniird E. Pcarlman, Editel/ 
Div. C’olunrhiu Pictures 
Jimmy Smy t h, Oprittrus 
David Triunfal, Swell Pic- 
trtres 
Jack A.  Weinberg. Post f r o  
Vidao. L t d .  

General Arrangements Co-Chairmen Norman Thelen (left) and Michael Bailey 

tiiicroconiputer is uscd whcrc all thc ncc- 
cssary information of thc signatures is 
storcd i n  its intcrnal memory. 

3 .  ‘The control systems of modern video- 
tape rccordcrs nornially include a micro- 
computer with intcgratcd sclf-diagnostic 
capabilitics. 

A digital videotapc recorder is a very 
coniplcx machine. Special tcst a n d  diag- 
nostic instrunwits arc nccded. Built-in di- 
agnostics will reduce thc time for service 
arid iiiaintcnance and increase thc avail- 
ability of the systcin. 

20. Panel Discussion. 

Moderator: Fcderick M. Rcmley, Unioer- 
s i t ) ,  oj M i ~ h i g i ~ t i  

Panelists: John I.. E.  Bnldwin, Indepen- 
diwt Broacicosting Authority 
Kenneth P. Davics, C‘arrurlian 
Broadcmting (‘orp. 
Bcrnard I>. Dickcns, CBS En- 
girrec.ring & I~er~elopnic~nt 
Takeo Eguchi. Sorry (’orp. 
John P. Watney. Attrpex C‘orp. 

Television Post-Production 
Techniques 

21. “Harry” and the SMPTE Standard in 
the Edit Suite. By Ifowcird Shephard. 
Quantcl I-td., Ncwbury, England. 

Harry is a real-time digital vidco re- 
corder which can replay frames in random 
ordcr i n  real time. Harry can thercfore 
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edit matcrial on a frame-by-frame basis 
without the dclays nornially associated 
wi th  thc mcchanics of editing. i.c.. tape 
shuttling, recueing and synchronizing. All 
thc prerequisitcs for editing short scg- 
incnts cxist within Harry. Clips may be 
cut. keyed, or niixcd together without us- 
ing any cxtcrnal equipment. 

Vidco editing has tnkcn on ii new di- 
mension in rcccnt ycarssince thcadvcnt of 
high-quality graphics systems such a s  thc 
Quantel Paintbox. The Paintbox has the 
capability of retouching vidco frames with 
such realism that an expert could not tell 
whcrc the alteration has takcn place. In  
addition, production techniqucs such a s  
cartooning and rotoscoping, previously 
thc domain of thc optical animation lab- 
oratory. can be donc clcctronically using a 
Paintbox. tlowcver, thc Paintbox is limit- 
ed in that i t  is designed to work with still 
graphics, i.e., singlc frames of video. Vid- 
co retouching. cartoon animation, and ro- 
toscoping all, by definition, involve string- 
ing together franics of moving vidco. 

llarry has full  random access capabili- 
ty to record and replay frames. which can 
bc instantly and digitally transfcrrcd bc- 
tween thc Paintbox and Harry. using the 
SMPTE 4:2:2 digital standard. The paper 
niakes the case for using thc digital com- 
ponent standard in the edit suite and dis- 
cusses the advantages to the crcative user 
and to thc engineer of taking this ap- 
proach. 

Thc choice of the SMPTE 4:2:2 record- 
ing standard for Harry allowed the design 
of a flexible production tool which will 
maintain first-generation quality by digi- 
tally interfacing to other cquipnient such 
as thc Paintbox and in the future other 
devices that use the SMPTE standard. 

New Developments in Video 
Recording 

23. Introduction of Small Format Video- 
tape Recorders in NHK. By lwao Ohata. 
NHK (Japan  Brondcnsting Corp.). To- 
kyo. Japan. 

At NI IK.  there are many rcquircments 
of VTRs for the production of programs 
and  ENG. There is no onc format to meet 
all of these needs. Wc cmploy I-in. VTRs 
for studio use. and recently we havc dcvcl- 
opcd ;I new small-format VTR (M II) with 
the Matsushita Elcctric Co. in ordcr to 
rcplace the old 2-inch VTRs at  our local 
stations. We also use Sony Betacams for 
our cxtcnsive FNG operations. Ideally. 
wc would like a singlc form;it for all appli- 
cations. but wc do not unticipatc finding 
such 21 format for at  least several years. 

24. PCM Audio Recording on An MI1 For- 
mat VTR. Bjt S‘hiro 7h i j i ,  Masarttit.w 
Olrtsrt. crnrl Mohrc).oshi Kihara, Matsu- 
shita Electric Industrial Co.. Moriguchi. 
Ow ka. Japan. 

An MI1-forni;it VTR for tclcvision 
broadcast use has bccn recently dcvcl- 
oped. Thc first generation of this VTR 
adopts an analog audio rccording method 
using longitudinal tracks, but a PCM au- 
dio rccording method using rotary heads 
has bccn taken into consideration to get 
cxccllcnt audio quality. 

A ncw MII-format VTR, with a PCM 
audio rccording method. has bccn suc- 
cessfully developed. diverting one of the 
longitudinal audio tracks to PCM audio 
rccording using rotary heads. In this sys- 
tem. two channcls of PCM audio signals 
itre scparately time compressed and rc- 
corded by rotary heads on the cxtcnded 
luminance ;ind chrominance video signal 
recording tracks (about 22’ tape wrap- 
ping anplc for PCM audio). 

For realizing high-quality PCM audio, 
the AES reconimends a standard in which 
the sampling frequency of 48 kHz and 
qunntization of 16 bits is adoptcd. The 
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HERES THE TEST SIGNAL GENERATOR THAT 
SPEAKS THEIR LANGUAGE. 

The video industry is moving so fast 
these days, that from one week to the next 
you don’t know what kinds of signals 
you’re going to have to generate, or where 
you’re going to find the new equipment 
they each require. 

Magni has solved the problem. 
With our 2015 PC-based signal 

generator, you can do all the standard 
signals, plus component, as well as the 
new concepts like HDTV and Multiplexed 
Analog Component (MAC), with signal 
purity up to 3OMHz. 

first software configurable system, you 
don’t need to know computer 
programming. All you need to know is 
what the signal is and what it looks like. 
We’ll provide you with a library of over 20 
test signals, and our menu driven software 

And even though ours is the world’s 

will let you build your own test signal files, 
as well. We’ll have you building your own 
signals in fifteen minutes -without a 
manual. 

signals, without sending for a new 
generator everytime there’s a new wrinkle 
in the industry, call us. We speak your 
language. 

So if you’d like to keep sending the 

Video Measurement 
Magni Systems, Inc. 
9500 S.W. Gemini Drive Beaverton, OR 97005 503/626-8400 
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Registration Chairman John Ehrenberg. 

PCM signal of one TV field consists of 67 
blocks/channcl, and each block consists 
of sychronous signal, address data, CRCC 
for address, audio data of 24 symbols (8 
bits/symbol), and error correction codc. 

For the error-correction code, the com- 
bination of two Reed-Solomon codes ([32, 
28,5]. [28,24,5]) over Galois Field (2x) is 
adoptcd, after invcstigating the most suit- 
able method for MI1 VTR PCM audio. 
These Reed-Solomon codes are generated 
in each field audio data. Using this error- 
correction method, powerful error correc- 
tion and low probability of miscorrcction 
occurrence are realized by means of 4 
times of error flags. 

The recording data rate of this time- 
base-compressed PCM signal is I 1  Mbits/ 
scc, which is a relatively high data rate for 
the MI1 VTR. Therefore, a new modula- 
tion method improving recording density 
needed to be devcloped. 

It was decidcd to revisc the 8-14 con- 
version code with greater T min (larger 
density ratio), smaller T max, and less dc 
cnergy, considering sync signal code and 
better clock-rcgeneration. This 8- 14 con- 
version code is dc-free and has a respec- 
tively large density ratio of DR = 1.14. 

The typical symbol error rate in MI1 
VTR PCM audio using this 8-14 conver- 
sion code is about and in this case, 
the uncorrected error probability is about 

Almost all thc editing functions re- 
10-23.  
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quired for broadcasting-usc VTR arc re- 
alized, such as one-field-period accuracy 
editing, separate channel editing, digital 
fade-in/Fade-out at editing point, and dig- 
ital dubbing. A leap-field problem caused 
by a different number of samples/field in 
the NTSC system is solved by recording 
an index signal mixed with PCM audio 
data, and field-accurate editing can be 
done by processing the leap-field using 
this index signal. 

In  using time-compressed PCM audio 
recording in a VTR, a reproduced audio 
signal is delayed relative to the repro- 
duced video signal. This problem was 
solved by adopting relativc reproducing 
heads which trace PCM audio tracks to 
video head tracing relativc video tracks. 
(In the recording mode, PCM audio is 
recorded by the same heads as the video 
recording heads.) 

As dcscribed above, a broadcasting 
VTR with high-quality PCM audio has 
bccn devcloped, which satisfies almost all 
of thc functions requircd for broadcasting 
use. 

25. New Small-Format VTR Using 8mm 
Cassette. By Toshiuki Kawamura, Su- 
sumu Kasai, Tamotsu Tominaga, Hide0 
Sato, and Minoru Inatsu. Hitachi Denshi, 
Ltd., Tokyo, Japan. 

Hitachi Denshi, Ltd. has developed a 

new small-format videotape recorder us- 
ing an 8mm metal tape cassctte. The sys- 
tem using this new small-format VTR is a 
compact, lightweight, high-performance 
camera/VTR for ENG/EFP. 

The luminance signal and TDM chro- 
minance signal are rccorded separately on 
two video tracks to achieve a high-density 
recording. Thus, a high resolution and a 
high signal-to-noise ratio are obtained. 
(Luminance channel band of 4.5 MHz, 
chrominance channel band of 1.5 MHz, 
S N R  better than 48 dB.) 

A family of products has been devel- 
oped that presently consists of a com- 
bined Camera/VTR; a field playback 
adaptor (whcn the adaptor is combined 
with VTR detached from camera, broad- 
castable color T V  signal is reproduced); 
and a studio player/recorder that con- 
nects dircctly to existing editors or con- 
trollers for use with another present VTR 
system. 

The paper describes the recording tech- 
niques and equipment, with technical de- 
scriptions of both. 

26. Considerations on the Improvement of 
an HDTV Digital VTR. By Yoshizumi 
Eto, Masuo Umemoto, Central Research 
Laboratory, Hitachi, Kokubunji, Tokyo, 
Japan; and Toshiaki Kawamura, Hitachi 
Dcnshi, Ltd., Kodaira, Tokyo, Japan. 

The results of tests on our experimental 
HDTV digital VTR were presented at the 
19th Annual SMPTE TV Conference, 
and were also demonstrated at  the NAB 
'85 Show. This five-head, I-in.-tape ma- 
chine operates at a bit rate of 460 Mbits/ 
sec, which had been confirmed to be the 
minimum rate necded to obtain accept- 
able HDTV picture quality, and which 
appcarcd to be the maximum available bit 
rate needed to implement a practical digi- 
tal VTR at  that time. However, with the 
latest developments in recording technol- 
ogy, even higher bit rates and resultant 
expanded applications of HDTV digital 
VTRs may be expected. 

There are two approaches to consider as 
the coding parameters for an improved 
HDTV digital VTR. One is to follow the 
sampling rate being discussed for adop- 
tion as the HDTV studio standard or its 
lower hierarchy level. The other is to re- 
gard a digital VTR as a high-quality VTR 
with an analog interface, which has a sam- 
pling ratc high enough for analog HDTV 
signals. In either approach, a t  least a 
30-40% bit rate increase over our 460 
Mbits/sec machine may be required. 

According to our basic research, about 
1 hr of recording time at the above bit rate 
will be possiblc, assuming the use of I-in. 
or 19mm tape with reasonable tape con- 
sumption. Electronic commonality be- 
tween 4:2:2 digital VTRs and HDTV digi- 
tal VTRs is desirable. Some examples of 
coding parameters for a n  improved 
HDTV digital VTR have been studied. 
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t last! The fastest, gentlest, 
most accurate VTR in the A world has a new video pro- 

cessor to harness its magic. 

the very limits of its superior capabil- 
ities to provide you with solutions to 
your most pressing video production 
problems. The VPR31Zeus combina- 
tion provides slow motion and program 
compression sequences with no blur, 
hop or interfield vertical motion. And 
for the first time with any VTR, full 
bandwidth pictures are produced at m y  
play speed. 

ZeusTM allows the VPR-3 to be used to 

The VPR-3’s Z-FreezelM allows you to 
freeze a video frame and release it on a 
programmable basis, with field ac- 
curacy. Because you said you needed 
better multi-generation performance, 
the VPR31Zeus now has a more ac- 
curate velocity compensator that 
handles the full band of velocity errors, 
instead of just a narrow spectrum as 
with conventional units. 

If the absolute ultimate is what 
you need in your animation business, 
call your nearest Ampex sales engineer 
for a demo. You’ll find you can do 
things with the VPR-31Zeus that are 

totally beyond the reach of any other 
system. And for the fastest editing com- 
bination you can buy, try the VPR-3 
with an ACE editor-from Ampex, with 
product support and service, worldwide. 
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