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SECTION 1

INTRODUCTION AND SYSTEM OVERVIEW

1.1 Introduction

Zenith and AT&T have developed an all-digital high-definition television
(HDTV) simulcast system that combines powerful video compression technology
and a unique simulcast transmission system. The system, called "Digital Spectrum
Compatible” (DSC), provides full high-definition resolution — perceived to be equal
to the studio original - even after compressing the wide bandwidth signal into a 6-
MHz channel. The system digitally transmits the compressed signal on currently
unusable or "Taboo" television channels with only minimal interference to or from
NTSC channels.

The DSC-HDTV system’s high-performance compression and RF trans-
mission technologies provide transparent picture quality utilizing a2 maximum video
data rate (up to 17 megabits per second, Mb/s) and provide noise-free and ghost-
free terrestrial broadcast reception throughout a broad service area. This area will
be comparable to or, in many cases, greater than the current NTSC service area,
even though transmitter power can be reduced by more than 90% from the power
required for NTSC transmissions.

In addition to its unique performance capabilities for terrestrial broadcast-

- ing, the DSC-HDTV system is compatible with other media, including cable, satel-

lite, studio video tape recorders, home video cassette recorders, video disc and
fiber. Because the complete high-definition television signal (including video,
chroma, audio, ancillary signals, decoder address, and encryption information) is
encoded into one 6-MHz bandwidth signal, the system can be simply adapted to
other media using current electrical and mechanical technologies. (See Section 8.)




The system’s 787.5-line progressive scanning format eliminates artifacts of
interlaced systems, provides full motion rendition (critical for sports and other fast-
action programming) and promotes HDTYV compatibility with current and future
computer and digital communications technologies. Progressive scanning plus
square pixels and unique compression technology make the DSC-HDTYV system
ideally suited for interconnectivity, extensibility, scalability and other computer-
related considerations. (See Section 9.)

1.2 Extended Coverage

The DSC-HDTV system’s unique four-level vestigial sideband (4-VSB)
modulation technique assures noise-free and interference-free reception through-
out the DSC-HDTYV service area. To maintain picture information (plus audio and
data) in far-fringe areas, Zenith and AT&T have created an extended coverage
coding system. The 4-VSB coding is complemented by a two-level digital data
system (2-VSB) which significantly expands the service area of the Digital Spectrum
Compatible signal.

The resulting intelligent bi-rate coding system identifies and selects the most
important picture information on a scene-by-scene basis and automatically trans-
mits that data in a two-level (binary) mode. The remainder of the picture informa-
tion is transmitted as 4-level digital data. Two-level digital coding makes the
system far more tolerant of noise and other interference at greater distances from
the transmitter. This allows extended reception of the signal beyond the traditional
NTSC service area and eliminates the so-called "cliff effect,”" or complete and
abrupt loss of picture, associated with some other all-digital approaches.

This unique coding system will be important in congested service areas in
and around major cities. In areas where two co-channel transmitters operating on
the same channel are close together (about 100 miles, for example), HDTV trans-
mitter power needs to be reduced to prevent interference into the NTSC service
area. In an ordinary system, interference from the relatively high-powered NTSC
channel could result in excessive uncorrectable errors that would make the 4-level
data unusable at certain times and certain locations in the far-fringe region. Ordi-
narily, a brief interruption of the 4-level digital data would cause a cliff effect, but
the 2-level data of the DSC-HDTV system will sustain video and compact-disc-



quality audio.

In most areas of the country where the distance between co-channel trans-
mitters can be greater than 125 miles, the DSC-HDTV transmitter may operate at a
higher power level than is possible in the more congested service areas. That

higher power level will assure error-free reception over even larger service areas
than today’s NTSC broadcasts offer.

1.3 Vi Encoding & D

The powerful compression technology developed for the DSC-HDTV system
handles high-detail, complex motion video such as sports or complex computer-
generated images. The encoder/decoder system adapts to scene changes. When
the television receiver’s channels are changed, a special decoder mode within the
TV receiver’s circuitry is used to present a clean HDTV picture within a fraction of
a second. The system is especially designed to reduce the complexity of the receiv-
er, both in terms of amount of processing and memory. In addition, the DSC-
HDTV data format supports VCR special functions such as speed-search and
freeze-frame. A detailed description of the encoder and decoder is provided in
Section 3.

The inherent modularity of the video encoder, as well as the use of progres-
sive scan and square pixels, greatly facilitates the use of scaled or extended versions
of the DSC-HDTV encoder in other applications. For example, computer graphic
workstations can display the 787.5 format directly with space left for text or control
windows. Simpler versions of the encoder can be used without modifying the
compressed video format or the decoder. In particular, the same algorithm has
been used to efficiently compress complex scenes at NTSC and CCIR-601 resolu-
tions. With a small change in some parameters, the same decoder can decode
compressed data at HDTV, CCIR-601 or NTSC resolutions. Interoperability with
alternate media can be easily provided because of the packet-like compressed video
format and flexible data rate.

1.4 Interference Rejection

Simulcast HDTV requires the use of channels that are currently a buffer




between active NTSC channels in the VHF and UHF television broadcast bands.
In the Zenith/AT&T system, spectruni compatibility is achieved primarily because
of a unique rejection filter that prevents NTSC signals from interfering with HDTV
signals. The digital filter technology (described in detail in Section 6) is a comb-
type analog/digital processor which rejects interference from NTSC signals. The
NTSC signal is rejected by the filter in the DSC-HDTV receiver, while a comple-
mentary preprocessor is used in the DSC-HDTYV transmitter.

The digital VSB modulation system uses a band-edge pilot that assures

HDTYV reception even in heavy interference. The precise high-performance filter

readily rejects co-channel interfering signals that are even stronger than the desired
DSC-HDTV signal. Equally significant, the system accomplishes this without taxing
the DSC-HDTYV error correction system. In addition, the system will acquire the
HDTV signal even under conditions of simultaneous multiple interfering signals,
such as noise and co-channel interference.

15 Audio and Ancillary Data

The DSC-HDTV system provides four independent channels of CD-quality
audio. The prototype hardware will use the Dolby AC-2 process for
compression/decompression (see Section 4).

Provisions for closed captioning, teletext, encryption, addressing, program
identification headers and other data services also are provided (see Section 5).
The data is packaged in packet-like format with a substantial number of bits allo-
cated for yet to be defined and evolving header functions. Such packaging can be
easily encapsulated into packet formats standardized for different computer net-
works. ‘

The 2-level data of the bi-rate coding system is used for two audio channels

and a portion of the ancillary data to also extend coverage in these complementary
functions.

1.6 Economy for the Broa ter

The DSC-HDTV source signal’s simple ratios to NTSC horizontal and verti-
cal scan rates result in easy up and down conversion between formats. Addition of

jﬁ-:-“;%-;‘vg' SR, W .



a simulcast transmitter and antenna would allow broadcasters to "pass through"
network HDTV programming. The format up-converter allows broadcasters to
telecast locally originated programs at low cost because all NTSC equipment
remains usable for transmissions on the HDTV channel. Therefore, the upgrade of
all studio equipment to HDTV equipment can be deferred.

Up-converted signals will be of NTSC studio quality resolution when derived
from component source signals. However, the received up-converted signals will be
significantly better than analog NTSC signals. When transmitted they will have all
the advantages of digital transmission -- without cross-color, cross-luminance, inter-
laced scan and ghost artifacts of NTSC.

1.7 Economy for the Consumer

High speed signal processing technology and algorithm design have mini-
mized the complexity of the DSC receiver/decoder to help make HDTV receivers
more affordable to consumers. In fact, a DSC-HDTV receiver requires only
enough memory to store slightly more than one high-definition frame (a total of
about 1.6 megabytes of memory). The overall semiconductor requirements are
moderate because the system has minimized receiver digital signal processing and
other logic functions.

Economical circuit applications will be possible in the DSC-HDTYV system
because of the NTSC-related horizontal scanning rate, which is three times the
NTSC rate and the frame rate which is identical to the 59.94 Hz field rate of NTSC.
HDTYV receivers are expected to be capable of handling both HDTV and NTSC
broadcasts.

. 1.8 Conclusion

The Zenith and AT&T Digital Spectrum Compatible system solves the
fundamental problems associated with digital HDTV, namely compression of wide-
bandwidth signals with full high-definition resolution into a 6-MHz channel and
transmission of those signals to a broad service area without detrimental interfer-
ence. |

The system’s progressively scanned lines in a digital format offer numerous




advantages over interlace scanning and analog formats. In addition, DSC-HDTV
offers a unique bi-rate coding system that extends the HDTV reception area and
eliminates the complete and abrupt loss of television reception. The bi-rate coding
system allows uninterrupted service even in congested areas such as major metro-
politan markets.

Other advantages include rapid recovery from channel changes, minimal
interference into or from NTSC signals (as well as from other DSC-HDTYV trans-
missions) and economical HDTV service for both the broadcaster and the con-
sumer.




SECTION 2 G ¢
VIDEO SOURCE SIGNAL (-, ~ -

2.1  Timing, Bandwidth, Image Format HE N

Digital Spectrum-Compatible High-Definition Television (DSC-HDTV)
images are progressively scanned at 787.5 lines/frame, 59.94 frames/second. The
aspect ratio is 16:9 and the horizontal line rate is 47.203 kHz, three times that of
NTSC. The nominal video baseband signal bandwidth is 34 MHz. (With a Kell
factor of 0.9 for sampling in the horizontal direction and an approximate sampling
rate of 75.3 MHz, the nominal video bandwidth equals 0.9 x 75.3/2 = 33.9 MHz.)

Transmitter and receiver signal processing are performed on square pixels in
a 720 line by 1280 pixel array. In the studio, an additional guard band of pixels at
all four edges is provided to allow for transient effects of processing, analog rise
times, production related edge effects and timing tolerances.

Square pixels are chosen to facilitate computer interface and special effects
processing. The particular numbers offer easy conversion to/from NTSC for simul-
cast purposes. Conversion to 525 line CCIR 601 requires only a 4:3 interpolation
horizontally and 3:2 vertically. In addition, the simple relationship to NTSC pro-
vides economical means for designing dual purpose HDTV/NTSC receivers.

Progressive scanning has advantages in video compression and display of
motion without line pairing or resolution loss. The 1280 by 720 format is simply
related to the Common Image format by a linear factor of 2:3 and is easily extensi-
ble to higher-line-number progressive formats when they become practicable. The
data rate generated by this format is within the capability of current commercial
high definition tape recorder technblogy.

2.2 i mpression

The compression techniques used for the broadcast of DSC-HDTV are
easily simplified to produce a 200 Mb/s signal for use in the studio. This signal
uses only the intraframe processing, and thus is suitable for all editing and special
effects processing. Initial indications are that the quality is also suitable for multi-



ple decoding/encoding as required.
The bit rate is suitable for serial data interfaces and also for video tape
recording on D-2-type of VTRs. ‘

23  Future Sources

The 1280 x 720 pixel 1:1 progressive format is designed to take advantage of
the bit rate and compression techniques available for HDTV broadcasting.
However, maximum performance will be attained when the source is at a higher
pixel density, so that optimum prefiltering can be applied. Such a source would
preferably have a simple ratio of pixel density to the 1280 x 720 format, for example
the "common image format" of 1920 x 1080 pixels, scanned progressively, or 1920 x
960 pixels (1050 line progressively scanned format). If it is desirable in the future
to maintain the higher pixel numbers in the production studio, this can also be
accommodated in an extension of the studio compression format, by decompresing
the higher-resolution signal rate into the 200 Mb/s studio compression standard
plus a high-frequency residual signal. The final output of editing or special effects
can still be recorded using the 200 Mb/s portion of the compressed signal.




SECI'ION 3
VIDEO CODING

31 Intr ion

The Zenith/AT&T Digital Spectrum Compatible (DSC)-HDTV system uses
a video compression system which is optimized for the terrestrial broadcast envi-
ronment. A very high compression ratio is achieved in such a way that robust
transmission is possible without sacrificing image quality. The system is designed
for practical implementation and results in a Decoder which is realizable in a small
number of VLSI integrated circuits.

32 P_r@&s.tm_@_si_ug:_@s.tm&mi_m
32.1 Encoder Preprocess

The Video Encoder to be supplied to the Advanced Television Test Center
(ATTC) is designed to accept RGB signals with SMPTE 240M colorimetry and
transfer function. The input RGB signals are first anti-alias filtered and quantized
to eight bits per sample. The digital RGB signals are passed through a de-gamma
circuit which takes out the SMPTE 240M transfer characteristic, providing linear
RGB signals. The linear signals are matrixed to luminance (Y) and color differ-
ence signals. The hardware delivered to the ATTC may optionally further preproc-
ess the luminance and color difference signals in general accordance with CIE
"Lu'v'" equations to provide a uniform-perceptibility-space set of signals to the
video compression and transmission circuits [1]. The visual magnitude of coding
errors is thus uniformly distributed over the range of possible hues, saturations, and
brightnesses, such that the visibility of any coding error is not excessive for any

particular color. (In non-uniform systems, errors are typically much more visible in

saturated reds than in other colors.) Slight deviations from CIE L'u'v' equations
are used to optimize performance where reduced bandwidth of the color difference
signals would result in divide-by-zero conditions or excessive quantization error



sensitivity. Usage of the CIE L'u'v equations will be decided before delivery to
ATTC.

The color difference signals are decimated by two both vertically and hori-
zontally, resulting in a totally uncompressed bit rate of 994 Mbits /s.

3.2.2 Decoder Postprocess

In the postprocessor, the preprocessor operations are essentially performed
in inverse and reverse. The color difference signals are interpolated by two both
horizontally and vertically, and linear signals are extracted from the L™V signals
(if used). In the test hardware supplied to the ATTC, the linear signals are dema-
trixed to SMPTE 240M RGB signals. There is a final transfer function stage to
restore the 240M transfer characteristic to R, G, and B. Because the luminance
and color difference signals are linear at the matrix and the gamma correction is
applied afterwards, the decoder is essentially display independent and the design
may be modified to match any display primaries or transfer function.

3.3 Video Compression Approach

Three basic types of redundancy are exploited in the video compression
process. Motion compensation removes temporal redundancy, spatial frequency
transformation removes spatial redundancy, and perceptual weighting removes
amplitude redundancy by putting quantization noise in less visible areas. 2]

Temporal processing occurs in two stages. The motion of blocks from frame
to frame is estimated using hierarchical block matching. Using the motion vectors,
a displaced frame difference (DFD) is then computed which generally contains a
small fraction of the information in the original frame. The DFD is transformed
using a two dimensional discrete cosine transform (DCT ) prior to removal of the
spatial redundancy. Each new frame of DFD is analyzed prior to coding to deter-
mine its rate versus perceptual distortion characteristics and the dynamic range of
each coefficient. Quantization of the DCT coefficients is performed based on the
perceptual importance of each coefficient, the precomputed dynamic range of the
coefficients, and the rate versus distortion characteristics. The perceptual criterion
uses a model of the human visual system to determine a human observer’s sensitivi-
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ty to color, brightness, spatial frequency and spatial-temporal masking. This infor-
mation is used to minimize the perception of coding artifacts throughout the pic-
ture. Parameters of the Encoder are optimized to handle the scene changes that
occur frequently in entertainment/sports events, and channel changes made by the
viewer. The motion vectors, compressed DCT coefficients and other overhead bits
are packed into a format which is highly immune to transmission errors. In case of
transmission errors, the Decoder uses a recovery technique which masks the errors.
If a complete loss of signal is detected or the channel is changed, the Decoder
switches to a special mode which quickly builds the picture to full quality.

The Video Encoder takes full advantage of the transmission system’s ability
to switch between the 1 bit/symbol and 2 bit/symbol modes. Depending on scene
complexity, an improvement in error performance is achieved by adapting the ratio
of 1 to 2 bit symbols in the Encoder. The Encoder will automatically select opti-
mum error performance for each scene.

In choosing the video compression algorithm, the need for a modular archi-
tecture and low cost was considered. Particular attention has been given to mini-
mizing the Decoder circuits that will be part of every DSC-HDTYV receiver. Some
elements of the encoding algorithms that affect picture quality can be altered
without requiring modifications to the Decoder. This feature provides an opportu-
nity for future improvement without affecting the installed base of equipment.
Some applications may also require an inexpensive Encoder. The DSC-HDTV
system has a modular architecture which allows a subset of the Encoder to be used

at a much lower cost without requiring a different transmission format (see Section
9.).

34  Encoder

The Encoder is shown in Figure 3-1. Motion from frame to frame is esti-
mated using a hierarchical block-matching Motion Estimator. The Motion Estima-
tor produces motion vectors, which are compressed and sent to the output buffer
for transmission. Each frame is analyzed before being processed in the Encoder
Loop. The motion vectors and control parameters resulting from the forward analy-
sis are input to the Encoder Loop which outputs the compressed prediction error to
the Channel Buffer. The Encoder Loop control parameters are weighted by the

11
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buffer state which is fed back from the Channel Buffer.

In the predictive encoding loop, the generally sparse differences between the
new image data and the motion-compensated predicted image data are encoded
using adaptive transform coding. The parameters of the encoding are controlled in
part by forward analysis. The data output from the Encoder consists of some global
parameters of the video frame computed by the Forward Analyzer and DCT coeffi-
cients that have been selected and quantized according to a perceptual criterion.

Each frame is composed of a luminance frame and two chrominance frames
which are half the resolution of the luminance frame horizontally and vertically.
The compression system produces a chrominance bit-rate which is generally a small
fraction of the total bit-rate, without perceptible chrominance distortion.

The output buffer has an output rate varying between 9 and 17 Mb/s and
has a varying input rate that depends on the image content. The buffer history is
used to control the coding parameters so that the average input rate equals the
average output rate. The feedback mechanism involves adjustment of the allowable
distortion level, since increasing the distortion level (for a given image or image
sequence) causes the Encoder to produce a lower output bit rate.

The encoded video is packed into a special format before transmission
which maximizes immunity to transmission errors by masking the loss of data in the
Decoder. The duration and extent of picture degradation due to any one error or
group of errors is limited.

34.1 Motion Estimation

Motion is estimated in stages on a block by block basis using the luminance
frames only. At each stage the best block match is defined to be that which has the
least absolute difference between blocks. The results from one stage are used as a
starting point for the next stage to minimize the number of block matches per
image. The Motion Estimator is capable of handling large frame-to-frame dis-
placements typical of entertainment and sport scenes. Finally, the block size of
motion estimation is adapted spatially to those places in the picture which could
have the most benefit within the limit of the compressed motion vector bit rate.

The Motion Estimator compares a block of pixels in the current frame with
a block in the previous frame by forming the sum of the absolute differences

13




between the pixels, known as the prediction error. Each block in the current image
is compared to displaced blocks at different locations in the previous image and the
displacement vector that gives the minimum prediction error is chosen as being the
best representation of the motion of that block. This is the motion vector for that
block. The end result of motion estimation is to associate a motion vector with
every block of pixels in the image. "

The Motion Estimator is shown in Figure 3-2. To reduce the complexity of
the search, hierarchical motion estimation is used in which a first stage of coarse
estimation is refined by a second, finer estimation. The first stage matching is per-
formed on the images after they have been decimated by a factor of two both verti-
cally and horizontally. This reduces both the block size and the search area by
factors of four and greatly reduces the size of the motion estimator. A block size of
16H X 8V pixels in the decimated image is used with 1 pixel accuracy. This is
equivalerit to 32H X 16V pixel blocks and 2 pixel accuracy in the original image.
The motion vectors that are generated are passed to the second stage which per-
forms a subpixel accuracy search centered around this coarse estimate. The total
search area is 96H x 80V pixels which provides highly accurate motion estimation
of very fast moving objects.

The second Motion Estimator stage generates the prediction errors of
the 8 x 8 pixel blocks for each location within the search area. The prediction
errors of the coarse blocks are derived from the sums of the appropriate small
block prediction errors and the coarse motion vectors are refined to subpixel accu-
racy.

The final stage of the Motion Estimator uses the prediction errors to gener-
ate the motion vectors by finding the minimum prediction error for all blocks in -
every location. The resulting 8 x 8 motion vectors are then passed on to the Motion
Vector Selector stage with the associated predictidn errors. In addition, 32H X
16V pixel block motion vectors and associated prediction errors are sent to the
Motion Vector Selector.

Half pixel motion is deduced by extrapolation of the prediction errors
around the region of minimum error. A simple scheme used is to derive the half
pixel motion independently horizontally and vertically. A parabola is fit to the
three points around the minimum, and the resulting equation is solved to find the
position of the minimum of the curve. This process simplifies to solving the
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following

x = x-1/2; ((3p,,,- 29, P,) < 0)
X =x+ 1/2; ((3px-l - 2px - pxﬂ) < 0)
X’ = x; otherwise

where p,_ is the prediction error at x, and x’ is the deduced half pixel motion
vector. The use of this approximation results in a great reduction in the size of the
Motion Estimator implementation. '

3.4.2 Motion Vector Encoding

Given the motion vectors from the Motion Estimator, the Motion Vector
Selector must select the set of motion vectors that will give the best prediction of
the next frame while limiting the bit rate of the compressed motion vector data
within a range.

This is achieved by sending two resolutions of motion vectors, the first set
representing the motion vectors of the 32H x 16V blocks which is unconditionally
transmitted, and the second set which represents the 8 x 8 motion vectors. However,
not all of the 8 x 8 motion vectors are transmitted, but only those which can be sent
within the bit budget remaining after the 32H x 16V motion vectors have been sent.

3.42.1 32H x 16V Block Motion Vector Encoding
) 45

The coarse block size of 32H x 16V has been chosen to ensure that, even in
the worst case, these 18(2/0 %g'lcli?gbvict‘%g can be transmitted within a reasonable
budget. This blggk sizs,is also useful because an integer multiple of them is con-
tained in the 64H x 48V blocks defined as slices for the data transmission format
(see Section 3.4.5). Hence for each slice, six motion vectors are sent. In order to
improve coding efficiency, five of the six motion vectors are sent as the difference
between itself and an adjacent motion vector. If the six motion vectors constituting

the slice are numbered as shown in Figure 3-3, then the motion vectors which are
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sent represent the values of the motion vectors A, B-A, C-B, D-C, E-D, F-E.

34.2.2 8x 8 Motion Vector Encoding

The next stage in the coding scheme is the refinement of some of these
larger 32H x 16V block motion vectors by sending the differences between the
motion vector of the larger block and those of eight 8 x 8 block motion vectors. As
long as this process improves the prediction of the next frame, it is repeated until
the remaining bit budget has been consumed.

The criterion for deciding which blocks should be subdivided is the im-
provement in prediction error using smaller blocks compared with that of the single
large block. That is, the improvement, 1, is defined as the difference between the
prediction error of the 32H x 16V block and the sum of the eight prediction errors
of the 8 x 8 blocks. The values of I are sorted to give a list which is ordered by the
relative importance of subdividing a motion vector block. Concurrently with the
calculation of the improvement, the number of extra bits associated with the subdi-
vision of this 32H x 16V block must be calculated. This consists of the bits required
for the eight new 8 x 8 motion vectors. The 8 x 8 motion vectors are encoded using
a variable length code word. Once the ordered list of improvements and the bit
information has been generated, it is a simple task to select the motion vectors
which give the greatest improvement in prediction error until the motion vector bit
budget is exhausted.

In addition to the six motion vectors representing the 32H x 16V motion
vectors of the slice, information is transmitted indicating which of the 32H x 16V
motion vectors have been subdivided into eight 8 x 8 motion vectors. In its simplest
form, this would require an extra six bits per slice to represent this information.
However, because of the spatial correlation of the regions that require improve-
ment, this information can be compressed by providing one extra bit which indi-
cates whether any of the motion vectors are subdivided, and the other six bits are
sent only if this first bit is set.

18
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343 EncoderLoop

The Encoder Loop is shown in Figure 3-4. The Encoder Loop generates a
transformed and quantized displaced frame difference (DFD) using the motion
vectors, perceptual thresholds and loop control parameters. The Motion Compen-
sated Predictor applies the motion vectors to the predicted frame which is stored in
a buffer. The displaced frame (DF) is scaled by the DF-factor and subtracted from
the input frame resulting in a DFD which contains a fraction of the original image.
Fast recovery from channel errors and channel changes is facilitated by DF scaling.
The DFD is then spatially transformed using DCT and adaptively quantized by the
Quantizer Vector Selector. The quantized DCT coefficients and coded selection
vectors are passed to the Channel Buffer and Formatter. The DFD coefficient
quantization and spatial transform are inverted resulting in a prediction of the
DFD as received by the Decoder. This reconstructed DFD is added to the DF
resulting in the next reconstructed or predicted frame which replaces the current
reconstructed frame in the buffer. [3,4]

The mean of each frame is calculated in the Forward Analyzer and sub-
tracted from each frame before differencing with the zero-mean DF. This results
in a zero-mean DFD for greater DCT efficiency. The mean is added back to the
reconstructed frame in order to accurately estimate the quantization effects of
mean addition prior to display in the receiver.

3.4.3.1 Adaptive Postprocessing

Under certain circumstances, coarse quantization of the transformed DFD
coefficients can produce random noise from frame to frame resulting in increased
visibility. To avoid this potential flickering of quantized information, postprocess-
ing is applied at the receiver and therefore also in the Encoder prediction loop. At
each pixel a weighted average of temporally successive pixels is stored in the recon-
structed frame buffer if it differs from the current pixel by an amount less than a
threshold. If the pixel differs by an amount larger than the threshold, the new pixel
is used without averaging.
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3.4.3.2 Spatial Transform

8 x 8 blocks of pixels containing' the DFD are transformed using a 8 x 8 two
dimensional DCT. The DCT implementation is based on an algorithm that mini-
mizes the number of multiplications required and results in an economical imple-
mentation.

3.4.3.3 Adaptive Quantization of DCT Coefficients

A principal means of reducing the number of bits needed to represent an
image is to control the number of bits used to represent the individual DCT coeffi-
cients. The DSC-HDTYV system recognizes that DCT coefficients vary in impor-
tance based on the limitations of human vision. By adjusting the coarseness of
quantizatidn of individual coefficients in local regions of the image, the system can
minimize the amount of transmitted information, while retaining the flexibility to
apply better coefficient precision where needed. [5]

A set of non-uniform quantizers is used to quantize the coefficients. Each
quantizer has a zero level and is adaptively scalable to maximize efficiency given
the amplitudes of coefficients. A coefficient may also be dropped or forced to zero.
The quantized coefficients are variable length encoded using a codebook matched
to each quantizer.

3.4.3.4 Vector Quantization of Selection Patterns

A variety of quantizers is available for each coefficient. However, constraints
on the selection of quantizers is needed to accommodate the quantizer selection
overhead. Within the bit budget, Vector Quantization is used to represent the
possible combinations or patterns of quantizers which can be applied to a given 8 x
8 block of coefficients (i.e. a set of coefficients from a block of 8 x 8 pixels). Coding
efficiency is achieved by variable length coding and transmitting the index associat-
ed with a given quantizer selection pattern instead of the pattern itself.

The Quantizer Vector Selector is shown in Figure 3-5. Unquantized DCT
coefficients are input to the Quantizer Selector and buffered to accommodate
Quantizer Selector Delay. Each entry in the Quantizer Selection Vector Codebook
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is retrieved in sequence and applied to a given block of coefficients. Each of the 64
elements of a selection vector contains a quantizer code which selects one of three
quantizers (or drop) which are applied to a set of coefficients. A given set of
luminance coefficients is composed of the four coefficients from a 16 x 16 super-
block (2 x 2 DCT blocks) which have the same coefficient number (0, 0...7,7) where
0,0 is the DC coefficient). A given set of chrominance coefficients is composed of 6
coefficients from a 16H x 24V superblock (2H x 3V DCT blocks) which have the
same coefficient number. In other words, a 16 X 16 pixel or coefficient sample
super block is the domain of a given selection vector for luminance images and a
16H X 48V super block is the domain of a given selection vector for chrominance
images. The luminance and two chrominance frames are quantized using separate
codebooks and quantizers. The luminance codebook contains less than two thou-
sand vectors and each chrominance codebook contains less than five hundred
vectors. The codebooks are organized differentially such that only differences
between successive vectors are computed. This results in a great reduction in the
number of computations and the size of the implementation. In the Quantizer
Vector Selector each coefficient set is either quantized or dropped and variable
length encoded in order to compute the number of bits per coded coefficient set.
The quantization error is compared to a perceptual error threshold, and the result
is summed to produce the selection error for the vector. The optimal vector is
selected by considering both selection error and bit-rate.

The selected vector is then applied to the buffered unquantized coefficients
via the quantizers as shown in Figure 3-5. Scale factors are computed in the for-
ward analyzer and applied to the quantizers to increase quantization efficiency.
The vector selects which quantizer to apply to each coefficient. The quantized
coefficients are sent to the inverse quantizers and inverse transform in the encoding

loop, and to the Channel Buffer and Formatter for transmission after variable
length encoding.

344 Forward Ana lyzer

The Forward Analyzer is shown in Figure 3-6. The original frame is trans-
formed and analyzed by the Perceptual Weight Calculator which passes weights to
the Buffer Controller. The perceptual thresholds are computed by the Buffer Con-
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troller using the weights and the buffer state.

The Forward Analyzer also approximates the operation of the Encoding
Loop in order to optimize Encoding Loop control parameters. These parameters
depend on the results of analysis of the entire original frame and ideal DFD and
would be available one frame too late if computed in the loop. Examples of control
parameters are the image mean and the quantizer scaling factors.

3.4.4.1 Perceptual Criterion

The concept of perception-based coding depends on matching the coding to
the characteristics of the human visual system (HVS). Considering the coding arti-
facts and the ways in which coding can affect their distribution, it is apparent that if
artifacts are concentrated in localized regions of the image, the coded image distor-
tion will be more visible. Conversely, the visibility of coding artifacts will be mini-
mized if the coding distortions are uniformly distributed across the image. The use
of perceptual thresholds results in an allocation of coding distortions so that the
visibility of distortions is minimized. |

The Perceptual Weight Calculator is shown in Figure 3-7. The unpredicted
picture information represented by the DFD is transformed into DCT coefficients
that are transmitted with varying precision. The precision needed for a particular
coefficient is determined by a local perceptual threshold. For every coefficient the
Perceptual Weight Calculator coupled with the Buffer Controller produces a
threshold value. The coarseness of quantization (number of bits used for sending
the coefficient value to the Decoder) depends on the local perceptual weights and
on a global target distortion related to the time history of the channel buffer full-
ness. A lower perceptual threshold value implies that a low quantization error is
allowed and more bits will be allocated for the corresponding DCT coefficient.

Separate luminance and chrominance (both U and V) perceptual thresholds
are generated for every coefficient in each frame. The perceptual thresholds are
not transmitted, but are used to ensure that the information transmitted is allocated
in an optimum manner, minimizing perceptible artifacts and maximizing picture
quality. '

The set of perceptual thresholds, one for each coefficient sample, provides
an estimate of the relative visibility of the coding distortion. Note that these
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thresholds depend on the content of the original image and, therefore, the bit
allocation algorithm can adapt to variations in the input. The Perceptual Weight
Calculator implements a model of the HVS that has been optimized to work with
this encoder architecture.

Frequency sensitivity in the HVS model exploits the fact that the visual
system modulation transfer function (MTF) is not flat. The MTF indicates that
more quantization error can be tolerated at high frequencies than at low frequen-
cies. Therefore, the perceptual thresholds for higher frequency coefficients are
larger than those for low frequency coefficients.

For a flat field stimulus, the HVS has varying sensitivity to distortion which
is related to the brightness of the flat field. This is called Contrast Sensitivity. By
examining the local brightness, the perceptual thresholds can be locally adjusted to
account for this property.

Up to this point, the HVS response to flat field inputs of varying brightness
levels has been modeled. Since most images of interest are not flat fields, a model
of spatial masking has been incorporated which further adjusts the perceptual
thresholds based on the amount of local texture present at each location in the
input. Our definition of texture is the amount by which the input deviates from a
flat field. This results in Spatial Masking being proportional to the AC energy at
each location.

3.4.4.2 Channel Buffer Control

In general, the buffer controls the coding algorithm by feeding back the
history of the buffer state to the Forward Analyzer. The effect of the buffer state
signal is to slow the information rate out of the Encoder when the buffer fullness is
high, and to allow an increase in information rate from the Encoder when the
buffer is less full. The buffer state is controlled by the global target distortion level.
If the target distortion level is increased (to decrease the buffer fullness), more
distortion is allowed. .

The history of the buffer state and target distortion is stored and is also used
in the current target distortion calculation. The Forward Analyzer maintains a cer-
tain average buffer fullness without increasing the target distortion beyond percep-
tible limits. If a scene change is detected, the buffer fullness and the target distor-
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tion are allowed to increase for a few frames and the DF factor is decreased to
reduce the amount of erroneous predicﬁon (DF) of the DFD.

The buffer state is transmitted to the receiver for each frame. The size of the
Decoder Channel Buffer and latency in the Decoder are minimized by resetting the
buffer state upon receiver startup caused by channel changes or severe loss of
transmitted data.

345 1 Buffer Formatter

As shown in Figure 3-8, the Channel Buffer and Formatter receives an as-
sortment of partially encoded video data from the rest of the Encoder and packs it
into the compressed frame buffer. Since an error at a given point in a variable
length coded data stream causes data after that point to be lost, the variable length
codes are packed into slices which correspond to fixed 64 H X 48 V pixel regions in
the original image. To avoid channel error propagation beyond a slice, the slice
boundaries are periodically marked in the data stream to allow a restart of variable
length decoding. The encoded video data stream is divided into fixed length data
segments for transmissions(see Section 6.1.2). Since the variable length slices do
not correspond to the fixed length segments, each segment contains header infor-
mation which marks the first slice boundary in the segment.

The motion vectors, quantizer selection vectors, and quantized coefficients
are variable length encoded. Various other coding parameters are fixed length
encoded and put into special global segments by the segment formatter. The fol-
lowing coding parameters are contained in the global segments:

. scale factors
» luminance and chrominance mean values
] DF-factor
. buffer fullness
A’* = frame number
§ N " frame number of frame following this global segment
(for synchronization)
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The state of the compressed frame buffer is calculated periodically and
relayed back to the Forward Analyzer. The Forward Analyzer alters the perceptu-
al thresholds to prevent overflow or underflow of the buffer which is being emptied
into the channel via the transmission system. In case underflow is unavoidable,
special underflow segments are transmitted which contain pseudo-random data.

3.4.5.1 Variable Length Coding

The data representing motion vectors, quantizer selection patterns, and
DCT coefficients, are statistically non-uniform. Usually, the data are clustered, and
the probability distributions can be estimated from analysis of real scenes. The use
of variable length codes takes advantage of this statistical non-uniformity by assign-
ing short code words to the most frequent values, and assigning longer words to less
frequent values.

3,452 Bi-Rate Coding

The main criticism of digital transmission systems is that the error rate as a
function of carrier-to-noise ratio (C/N) increases sharply at the noise threshold
resulting in the complete loss of transmitted data. HDTV viewers near the limits of
the service area would suffer from abrupt loss of picture resulting from a small
decrease in C/N. This situation is considered to be unacceptable.

The DSC-HDTV transmission system time division multiplexes between 1
bit per symbol (binary) and 2 bits per symbol transmission resulting in more robust
transmission (or lower noise threshold) for the binary portion of the video data (see
Section 6.1.3). The ratio of 1 versus 2 bits/symbol transmission is adaptively select-
ed in the Encoder as part of the buffer control system. The majority of high defini-
tion video source material can be compressed and transmitted using a moderate
percentage of binary transmission without any loss of picture quality. The most
challenging source material may result in a slight reduction in picture quality to
achieve more robust transmission. However, protection of the highest priority
video segments results in a significant improvement in error masking capability.

Although the Encoder automatically optimizes between picture quality and
robustness, interactive control of this balance will be possible at the point of encod-
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ing, such as at the network source.

Each Data Segment within a givén Data Field (see Section 6.1.2) is assigned
a priority. The buffer control determines the number of segments which will be
transmitted using the 1 bit/symbol (binary) transmission mode. These highest
priority segments are selected for binary transmission for each Data Field. The
binary segment selection information is packed into the global segment as a
*Transmission Bit Map" (see Section 6.1.3) with the coding parameters for each
frame. The global segment heads each Data Field, is always binary, and is repeated
to ensure correct transmission. The receiver uses the "Transmission Bit Map” for
decoding the mixture of binary and 4-level video Data Segments.

3.5 Decoder

The ‘Decoder is shown in Figure 3-9. The compressed video data enters the
Buffer which is complementary to the compressed video buffer at the Encoder. The
Decoding Loop uses the motion vectors, DCT coefficient data, and other side
information to reconstruct the HDTV images. The Postprocessor converts the
Juminance and chrominance frames into RGB for display. Channel changes and
severe transmission errors are detected in the Decoder causing a fast picture recov-
ery process to be initiated. Less severe transmission errors are handled gracefully
by several algorithms depending on the type of error, as described below.

The fraction of the original image in the DFD enables the reconstruction of
a usable quality image from a single compressed frame for fast recovery from
channel changes. This also facilitates a simple implementation of VCR special
modes such as forward and reverse speed search. .

Processing and memory in the Decoder are minimized. Processing consists
of one inverse DCT and a variable length decoder which are realizable in a few
VLSI IC’s. Memory in the Decoder consists of one full frame and a few com-
pressed frames (about 1.6 Mbytes).

3.5.1 Channel Buffer and Deformatter

After Reed-Solomon error detection and correction, the encoded video data
stream enters the segment deformatter as shown in Figure 3-10. The error correct-
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ing system indicates the presence of detected and corrected errors in each segment.

The error detection and concealment controller causes erroneous data to be re-

placed by estimated values during variable length decoding. Entire slices are re-

placed if a slice marker is lost or an insufficient portion of a particular slice is

L2 recovered. If one of the global data segments is lost, the duplicate global segment
_is used.

\A,s"v,w’«” After the beginning of each slice is determined in the slice deformatter, the
motion vectors, quantizer selection vectors and quantized coefficients are variable
length decoded. The coding parameters are extracted from the global segments for
use in the Decoder Loop.

352 Decoder Loop

The Decoder Loop is shown in Figure 3-11. Quantized coefficients, quan-
tizer selection vector codewords, motion vectors and loop control parameters are
received from the Channel Buffer and Deformatter. Each quantizer selection
vector codeword is used to look up a quantizer selection vector which is an array of
quantizer selection codes. One of the inverse quantizers is applied to each quan-
tized coefficient as selected by the corresponding selection code in the vector. The
quantized coefficients are received in a fixed order which corresponds to the selec-
tion code order in the vectors.

The fully decoded coefficients are inverse transformed producing the DFD.
The DFD is added to the DF resulting in the frame which is displayed. The frame
mean is added prior to display and storage in the frame buffer. After some por-
tion of the frame is written into the buffer, the motion vectors are applied to gener-

ate the next DF.
36  Film Mode Optimization

The Encoder buffer control automatically detects the presence of 24 |
frame/sec or 30 frame/sec scene material by analysis of ideal DFD energy in the
Forward Analyzer. In this case, an alternate buffer control algorithm is used which
takes full advantage of repeated frames in the source and minimizes variations in |
target distortion between repeated frames. If film is detected, all video segments
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will undergo binary transmission for maximum coverage area.
37 Vi ing Summ

The video compression algorithm includes a unique set of features that
maximizes picture quality within the available channel bandwidth. The principal
features are:

. Hierarchical, subpixel motion estimation within a motion vector
budget
Forward analyzer to determine coding parameters of each new frame
Handling of scene changes with no perceptible distortion

" Quick buildup of picture after channel change by the viewer
Adaptive post-processing of reconstructed images to improve picture
quality |
Perceptual quantization and dropping of DCT coefficients

- Vector quantization of quantizer selection patterns

. Smooth control of quantization based on buffer fuliness history

= Automatic film mode

" Support for VCR special functions

. Randomizing and limiting effects of transmission errors
] Adaptive bi-rate channel coding for maximum coverage area
= Simple receiver

Transparent image quality is achieved using motion compensated transform
coding coupled with a perceptual criterion to determine the quantization accuracy
required for each DCT coefficient. The combination of a sophisticated encoded
video format, advanced bit error protection techniques and adaptive channel
coding results in a highly robust reception and decoding of the compressed video
signal. .
The DSC-HDTV Video Encoder is optimized to simplify the Decoder. The
Motion Estimator, Forward Analyzer, Quantizer Vector Selector, and buffer state

control are all functions which exist only in the Encoder. An additional attribute of _

the DSC-HDTV Video Encoder is the capability to improve the Encoder algorithm
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SECTION 4
AUDIO CODING

Audio capacity is provided by four independent 125.874 kbit/second chan-
nels multiplexed with the video data. An audio sampling rate identical to
the DSC-HDTV horizontal scan rate of 47.203 KHz has been chosen to
prevent low frequency beats in the receiver. The channels are independent-
ly coded. This provides a main stereo pair which is appropriate for carrying
matrix-coded surround sound as well, plus two more channels which are
suitable for high-quality Second Audio Program or any other desired usage.

The main stereo pair is carried entirely by two-level transmission (by W1
data, as defined in Section 6.1.2), so that it is a robust transmission receiva-
ble under even extreme conditions of signal impairment. The secondary
channels are carried as four-level data (W2 data), receivable under all but
the most unusual of conditions, during which reception can revert to the
main pair.

\

v~ Each data field includes 1050 error corrected bytes of audio data. Half of

N

6

this data is sent as two-level, 1-bit per symbol signals for the main stereo pair
(using 525 x 8 = 4200 symbols per data field). The data for the second
program is sent as four-level signals, requiring an additional 2100 symbols
per data field.

The audio data is compressed by the Dolby AC-2 process, which is described
in detail in the Appendix. The Dolby process has its own error correction
and masking capabilities, which are then concatenated with the Forward
Error Correction of the DSC-HDTV transmission system.
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SECTION 5
ANCILLARY DATA

»

~

The DSC-HDTV system format provides twerparate channels for ancillary
data. The first channel of 126 x 8 x 29.97 = 30.21 kbits/second is sent as two-level
(W1) data and the second channel of 1596 x 8 x 29.97 = 382.7 kbits/second is sent
as four-level (W2) data. (See Section 6.1.2 for definitions of W1 and W2.) The
sum capacity of the two ancillary data channels is 412.867 Kbits/sec. The two-level
data channel has a 6 dB better noise margin than the four-level data channel and
should be assigned to ancillary services which can benefit most from the extra
robustness. Currently, bit assignment of data to specific services is undefined. For
transmission, the ancillary data channels are time-multiplexed, error-protected, and
interleaved along with the video and audio data.

In addition to captioning for the hearing-impaired and Teletext, other possi-
ble applications for this data are testing, control and cuing, channel/program iden-
tification, alert/emergency, header and descriptor information, customer address-
ing and encryption.

One of the scenarios identified for the early stages of HDTV broadcasting is
the "pass-through" stage. In this stage a video coded program is supplied to the
local broadcaster, for example, by satellite. The local broadcaster has a HDTV
transmitter but only a minimum of other HDTV equipment. Ancillary data trans-
mission can be made a part of the pass-through operation and the broadcaster can
then insert messages, for example alert/emergency information. Data insertion can
be realized with very modest equipment cost.

Due to hardware constraints, the prototype DSC-HDTV system will not

allow testing of all the ancillary data. For ATTC testing, the prototype hardware
will supply a full-capacity two-level (W1) channel of 30.21 Kbits/sec and a four-
" level (W2) channel of 347.4 Kbits/sec.
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SECTION 6
DSC-HDTV TRANSMISSION SYSTEM

6.1  Transmission Format,
6.1.1 Data Frame.

The Video Encoder generates a maximum of approximately 17 Mb/s which
along with audio data, ancillary data and synchronization are transmitted in a
6-MHz television channel. This is achieved in an NTSC-like transmission signal
format, shown in Figure 6-1.

To avoid confusion between DSC-HDTYV video source and display format
on the one hand, and DSC-HDTYV transmission signal format on the other, some
new terms are used for the latter. These terms are summarized in the immediately
following subsection 6.1.2.

Note in Figure 6-1 that one Data Frame corresponds to one NTSC frame,
one Data Field to one NTSC field and one Data Segment to one NTSC horizontal
line.

The interrelationships between the numbers in Figure 6-1 are easily verified
with the help of Table I in subsection 6.1.2.

Note also in Figure 6-1 that all symbols are protected by the Reed-Solomon
(RS) Code except the Synchronizing (Sync) Interval symbols and the Test Data
symbols. The latter carry system test data. The Sync Interval symbols are not
protected by the RS Code because sync detection must take place before error cor-
rection. Both Data Segment Sync and Data Field Sync have their own error pre-
venting redundancy as explained below and in Section 6.3.

6.1.2 Transmission Si P r Definiti

Data Segment = A sequence of 684 symbols of total duration of 63.56
microseconds (corresponding to the duration of one NTSC horizontal line period).
The terms "Horizontal Line" or "Line" are reserved for the DSC-HDTYV display
parameter and have a duration of 1/3 of a Data Segment.
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Data Segment Sync Interval = A group of 16 (out of 684) symbols of a Data

Segment. The first four symbols constitute Segment Sync proper; the next 12
encode DC offsets. The Data Segment Sync Interval is 1.49 microseconds.

Data Field = A group of 262 or 263 data segments (averaging 1/59.94

second duration, corresponding to one NTSC "field").

Data Frame = Two successive Data Fields (corresponding to one NTSC

"frame"; duration 1/29.97 seconds).

6.13

variable transmission bit rate. Some data are transmitted at 1 bit/symbol (defined
to be of Weight-one or "W1 data") and other data are transmitted at 2 bit/symbol
("W2 data").

Total Symbol Rate = 10.76 Msymbol/sec.
Maximum Total Bit Rate = 21.00 Mbit/sec.
W1 Data = Data transmitted at 1 bit/symbol
W2 Data = Data transmitted at 2 bits/symbol

TABLE 1

1 Symbol = 1 or 2 Bits
1 Byte = 8 Bits
Symbol Rate = 10.76 Msymbol/second
= 179,550 Symbols/Data Field
= 684 Symbols/Data Segment
Symbol Interval = 92.9 nanoseconds

NTSC Horizontal Line Frequency, fyy = 4.5/286 MHz = 15.734 kHz'
Video Data Clock Frequency fg = 4x7x9x19x fyy = 7534 MHz
Transmission Data Clock Frequency f; = £3/7 = 10.76 MHz

*fH always only refers to NTSC horizontal line rate.

Bi-Rate Transmission,

As previously mentioned in Section 3, DSC-HDTV has a self-adapting
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ia W1 data are received with a 7 dB lower carrier-to-noise (C/N) threshold
12 and a 6 dB lower carrier-to-interference (C/1) threshold than W2 data; W1 data
are thus more robust than W2 data.
94 Some data are always transmitted as W1 data, and some always as W2 data
but the data representing the video signal are generally transmitted partly as W1
rsC : data and partly as W2 data.
TABLE I
~ Symbols/Field
SIGNAL Weight Field 1 Field 2
. ) Transmission Bit Map (TBM), Video Control w1 2,352 2,352
i Audio : W1 4,200 4,200
Ancillary w1 504 504
Parity (Error Correction) W1 960 960
Video, 240 Segments Wi/W2 141,120 141,120
i Parity (Error Correction) W1/W2 19,200 19,200
Audio o W2 2,100 2,100
Ancillary Nool w2 3,192 3,192
\ Test (One Segment/Field2)  .+v /0 W2 668
Parity (Error Correction) 974;5;0"& o 1 W2 720 720
Data Segment Sync CP % ¥ WL 4192 4,208
DataFieldSync o s 2 e W1 668 668
o»‘/wm"m? "\4\ ’Lﬁ“ﬁ \
MW Wt L Ab :
T fy\‘q\,)l T VP
_— TOTAL p e 2", v Mj 179,208 179,892
%"j& | N n;lo:(s
PN p py3]
-adapting 1 Table II shows how the data are allotted over Data Field 1 and Data Field 2
ol (defined § .14 indicates whether the data are W1, W2 or either.
bit/symbol

The first line in Table II, Transmission Bit Map (TBM), refers to what in
Section 3.4.5.2 is identified as "Binary Segment Selection Information".
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The symbol rate is a constant 10.76 Msymbol/sec but the bit rates are varia-
ble. The maximum bit rate is found from the data in Table II by assuming that all
variable data are W2. Partial addition of the columns yields 170,866 symbols/field
(average of Field 1 and Field 2) of W2 data and 8,684 symbols/field of W1 data.
This totals to a bit rate of:

(170,866 x 2 + 8,684) x 59.94 = 21.004 Mb/sec

A similar calculation yields a minimum bit rate of:

(173,204 + 6346 x 2) x 59.94 = 11.14 Mb/sec.

A detailed Byte Assignment for Field 1 and Field 2 before interleaving
(Section 6.1.7) is shown in Figure 6-2a and 6-2b, respectively. Each of the six
narrow cross-hatched segments near the top represent a second segment, needed to
accommodate the indicated bytes immediately above, which are W1 data. W1 data
thus inherently always occur in data segment pairs. The variable W2 data, however,
also always are sent in data segment pairs to simplify processing. The nine data
segments at the end of each data field are W2 but are not paired.

The maximum number of video data bytes per field (W2) is:

(141,120 x 2)/8 = 35,820 bytes/field, corresponding to 16.92 Mb/sec.
The minimum number of video data bytes per field (W1) is:
141,120/8 = 17.640 bytes/field, corresponding to 8.46 Mb/sec.

Transmission Bit Map (TBM) data and Video Control data are directly
supplied by the Video Encoder. TBM data identify the variable data (W1 or W2)
for the next field.

Although not explained in detail until Section 6.2.2, the modulated data
signal as transmitted includes a pilot carrier to aid the receiver in tuning to a de-
sired channel in the presence of strong NTSC cochannel interference.

6.1.4 Data Segment Sync.

Each Data Segment starts with four symbols (1/2 byte of W1 data) dedicat-
ed to synchronization of the receiver Video Data Clock. These four symbols are
the only ones always recurring in the same pattern and are shown in Figure 6-3a.
The periodic identical recurrence of these four symbols makes possible their reli-
able detection even under severe noise and/or interference conditions and even
without parity bits from the RS Code.
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The details of Segment Sync detection in the receiver are described in Sec-
tion 6.3.3. Suffice it to mention here that the sync is detected in an integrate-and-
dump circuit that rejects random input (all other data are random and can be posi-
tive or negative) but that enhances the bipolar Segment Sync. Segment Sync con-
trols video data clock synchronization. If the data clock does not coincide with the
bipolar sync, a correction is applied to the data clock generator until coincidence is
reached.

The 12 remaining symbols of Data Segment Sync are used for DC Offset
Control and their use is explained in Sections 6.1.8 and 6.1.9, below. The 16 sym-
bols constituting Data Segment Sync are not interleaved.

6.1.5 Data Field Sync,

Each Data Field starts with one Data Segment of Data Field Sync. It con-
sists of 668 symbols of pseudo-random data of maximum level.

The receiver compares the data from a local lookup table to the incoming
pseudo-random sequence data in order to reliably establish synchronization.

To differentiate between Data Field 1 and Data Field 2, the pseudo-random
sequences change polarity from field to field.

The arrangement of the pseudo-random sequence in the data segment is
illustrated in Figure 6-4.

Data Field Sync is also used as the reference signal for Ghost-
Cancellation/Channel-Equalization and for data error calculation as part of the

decision process whether to use the Post-Comb in the receiver or not (Section
6.1.8).

6.1.6 Error Control.

A Data Segment contains 684 data symbols as was shown in Table I. De-
ducting 16 Segment Sync symbols leaves 668 symbols for information data. These
symbols represent 668/4 = 167 bytes for W2 data; 167 bytes of W1 data occupy two |
Data Segments. The RS Code protects a block of 167 bytes for either data rate. -
Twenty bytes out of 167 are set aside as RS parity bytes so that the code is charac-
terized by RS (167,147) t=10. Twenty parity bytes can correct 10 byte errors. The
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DSC-HDTYV system further increases the error-correcting capability of the RS
Code by detecting "erasures”. An erasure is detected by sensing when a piece of
data received is ambiguous (e.g., halfway between two nominal levels).

With the additional erasure detection the RS (167,147) t=10 code can
correct twice as many errors provided that the sum of half the number of erasures
and the number of errors does not exceed 10.

There is no direct proportional relationship between byte error rate and bit
error rate because a byte error can be caused by 1, 2..up to 8 bit errors in the same
byte. Only at very low error rate do the two converge but the bit error rate is never
expected to be smaller than the byte error rate for the same C/N ratio.

6.1.7 Interleaving.

The RS Code is particularly powerful in protecting against burst errors. A
strong NTSC co-channel may cause an interference into the DSC-HDTV transmis-
sion channel which has a burst-like character at every rise and fall of the NTSC
sync and which falls somewhere on a data segment. The RS Code can easily correct
the errors caused by this interference. It is a common kind of interference due to
the fact that the NTSC sync is always present and is always stronger than other
parts of the signal at RF. Strong NTSC cochannel interference, however, activates
the Post-Comb (see next section). Its differencing property makes it especially apt
to pass a high interference output on jumps in the NTSC signal, for example, strong
vertical edges.

DSC-HDTV transmission uses interleaving to gain extra protection against
strong vertical edges in an NTSC cochannel and against burst-type interference in
general. Interleaving is especially useful against interference caused by high-con-
trast text in the NTSC image.

Interleaving is provided to a depth of one-half data field (inter-segment
interleaving over 130 segments). Additional interleaving takes place within one
data segment (intra-segment interleaving). Interleaving is so arranged that every
twelfth symbol is always of the same data weight (W1 or W2). This is important for
proper Precoder operation and is explained in Section 6.1.9.
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6.1.8 Interference joégjgn System _

of
The interference rejection properties of the DSC-HDTV receiver are based
;an on the frequency location of the principal components of the NTSC cochannel
Tes interfering signal within the 6 MHz TV channel and the periodic nulls of a suitably
chosen DSC-HDTYV receiver baseband comb filter.
 bit Figure 6-5a shows the location and approximate magnitude of the NTSC
ame principal components which are: 1) the visual carrier (V) located 1.25 MHz from
ever the lower band edge, 2) the chrominance subcarrier (C) located 3.58 MHz higher
%&( than the visual carrier frequency, and 3) the aural carrier (A) located 4.5 MHz
higher than the visual carrier frequency. |
Figure 6-5b shows the chosen receiver comb filter (Post-Comb) which pro-
’ vides periodic spectral nulls spaced at a baseband integer submultiple of the symbol
1s. A rate which is related to NTSC horizontal scanning rate. The specific numbers are:
1Smis- fsymbol = 684 fyy = 10.76224 Msymbols/sec. where a symbol is either four-level
NTSC (W2) or two-level (W1). The integer submultiple of the symbol rate chosen for the
sorrect receiver comb filter is 12, thus making the frequency spacing between nulls equal to
due to 10.76224/12, or, 0.89685 MHz (= 57ffy). Such a comb filter will have 7 nulls across
| other the 6 MHz channel. The NTSC visual carrier frequency falls close to the second
stivates null into the channel from the lower band edge. Fortuitously, the 6th null from the
ally apt lower band edge is correctly placed for the NTSC chrominance subcarrier, and the
, Strong 7th null from the lower band edge is almost correctly placed for the NTSC aural
carrier.
| against Comparing Figure 6-5a and Figure 6-5b shows that the visual carrier falls
rence in 1/2 fyg (= 7.867 kHz) above the second comb filter null, the chroma subcarrier falls
igh-con- exactly at the 6th null and the aural carrier falls 3/2 fgy (= 23.6 kHz) above the 7th
null. The Ist and 7th nulls are arranged to be located at the -6 dB point of the
-segment cascade of the transmitter and receiver SAW channel pulse shaping filters.
ithin one The detail at band edges for the overall channel is shown in Figure 6-5¢ and
‘hat every Figure 6-5d. Figure 6-5d shows that the chosen frequency relationship (of a differ-
yortant for

ence of 57.5 fyg between the DSC-HDTYV carrier and the NTSC cochannel carrier)
results in a DSC-HDTYV spectrum shift with respect to the nominal channel. The
shift equals +35.8 kHz (41/18 fgg) or +0.6%. This is slightly higher than currently
applied channel offsets and reaches into the upper adjacent channel at a level of
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-41.7 dB. If that is another DSC-HDTV channel, the nominal situation is restored.
I it is an NTSC channel, the shift is below the (RF equivalent of the) Nyquist slope
of an NTSC receiver where there is high attenuation and slightly above its custom-
ary lower adjacent channel sound trap. No adverse effects of the shift have been
found nor are they foreseen.

The question of what happens to the eye pattern of the digital signal natural-
ly arises when a comb filter is interposed between the received digital data signal
and the decision circuits. The three stacked eyes representing the four levels of the
received signaling waveform are converted into six stacked eyes representing seven
levels. Such a process in the literature is called partial response (or duobinary) [6].
When the four-level signal is pre-coded into a new four-level signal, interpretation
of the seven-level signal is possible using a modulo-4 process.

Figure 6-6 shows the arrangement of receiver Post-Comb filter (partial re-
sponse filter), modulo-4 interpreter, transmission path possibly corrupted by NTSC

cochannel interference and random noise, and transmitter Precoder.

It is important to note that the Post-Comb filter, which uses a feed-forward
topology, functions as an linear circuit using arithmetic subtraction whereas the
precoder, which uses a feed-back topology, functions in the digital domain using
modulo-4 addition. (Note that if the Precoder were implemented as an linear
circuit it would be unstable because infinite gain would be required at the receiver
comb filter null frequencies. However, when modulo arithmetic is used, the feed-
back network is stable, and furthermore, the number of levels coming out of the
network is the same as entering the network, thus not altering the transmitted
power.)

Figure 6-7 gives an example of a 4-level sequence entering the Precoder.
Notice that the 12D delay element (delay = 12 symbols) has an extra "Offset input".
In this input are added the extra bits for the purpose of "DC offset", which is ex-
plained in Section 6.1.9. The extra bits can be 0, 1, 2 or 3 for W2 data, and 2 for
W1 data. Figure 6-7 illustrates the W2 case where the DC offset bit is zero. The
second column in Figure 6-7, marked "B", shows the precoded sequence followed by
the seven-level sequence, column C, leaving the receiver comb filter. Note the
seven different levels from -3 to +3 in column C of Figure 6-7. The final sequence
is the modulo-4 interpreted seven-level sequence which can be seen to be identical
to the original four-level sequence entering the Precoder, thus illustrating the
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transparency of the system.

Figure 6-8 shows an example of W1 data entering the Precoder. The two
binary levels of W1 data are 0 and 2. The DC offset bit in this example is assumed
to be 1. As before, column A represents W1 input. Column B represents the
output of the Precoder with and without the one bit offset. The Post-Comb output
is in Column C; the first 12 symbols when equipment is first turned on are ignored
and not used. Only when the 13th symbol arrives at the Post-Comb is a reliable
output obtained. (The Post-Comb is a predictor and can be surprised.) Mod-4
interpretation converts -2 to +2 and Column D is identical to Column A.

6.1.8.1 Comb Filter Noise Consideration

The comb filter, while providing rejection of steady-state signals located at
the null frequencies, has a finite response time of 12 symbols (1.115 usec). Thus, if
the NTSC interfering signal has a sudden step in carrier level (low to high or high
to low), one cycle of the beat frequency (offset) between the DSC-HDTV carrier
frequency and the NTSC carrier frequency will pass through the comb filter at full
amplitude as instantaneous interference. Examples of such steps of NTSC carrier
are: leading and trailing edge of sync (40 IRE units), and leading and trailing edges
of text (up to 92.5 IRE units). The magnitude of the interference is determined by
the desired DSC-HDTV carrier to undesired-NTSC-carrier ratio at the receiving
location. Interleaving will spread the interference and will make it easier for the
RS Code to handle. The RS error-correction code can correct a maximum of 10
remaining transients in a data segment period (= 63.5 usec).

The receiver comb filter, while providing needed cochannel interference
benefits, degrades the noise performance of the system by 3 dB. As a consequence,
an alternate path around the comb filter is provided by using a feed-forward net-
work operating with modulo-4 arithmetic (the exact inverse of the Precoder) which
‘avoids the 3 dB noise penalty in those reception areas where cochannel NTSC
interference is not a problem. The switch-over is automatically accomplished in the
receiver as a function of measured error rate of the two alternatives.
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6.1.9 Pilot Si DC Off: .

The pilot signal (see 6.2.2) could be added in analog form in the modulator
by adding a slight amount of unmodulated carrier. Control over the level is main-
tained more accurately, however, by adding a (digital) DC level at baseband. The
nominal transmission signal levels of W2 data are -3, -1, +1 and +3, and of W1
data they are -2 and +2. This can be very accurately changed into -2, 0, +2 and +4
for W2 and 0, +4 for W1. The levels are sketched in Figure 6-9 in equivalent
analog form.

(The choice of signal levels for the W1 data is based on: keeping the aver-
age signal power of W1 less than W2 data and commonality of receiver slicing
hardware. See Sections 6.1.10 and 6.3.7.) The pilot transmission signal power is
analyzed in Section 6.1.10.

There is some risk involved with adding slight amounts of pilot. The very
long-time average of the data signal is zero but over shorter time spans the average
may be negative and so decrease or even cancel the pilot. This is not harmful if the
pilot cancellation is of shorter duration than the carrier recovery system time con-
stant. The following approach is used to assure that cancellation is of minimal
duration.

A data segment comprises 684 symbols, 12 groups of 57. Deducting the first
4 sync symbols yields 8 groups of 57 and a final 4 of 56 symbols. In each of the 12
groups the average DC is measured and additional offset bits are mod-4 added until
the average level is positive. Before interleaving, all data in a segment are of the
same weight, since inter-segment interleaving is performed by interleaving whole
groups, after inter-segment interleaving all symbols in a group of 57 (or 56) are still
of the same weight. The number of bits added in each of the 12 groups is encoded
in a corresponding symbol that is part of the 12 remaining sync symbols. In this
manner the possible duration of pilot cancellation is kept considerably shorter than
63.5/12 = 5.3 microseconds on the average (twice that long worst-case), short
enough to prevent unlocking of carrier recovery which takes several hundred
microseconds.

Data Field sync symbols and Data Segment sync symbols are neither inter-
leaved nor precoded and are not subjected to DC offset operation. However, pilot
is added to these symbols as well as to every other symbol.
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Data Field symbols are transmitted as maximum level data; they come from
a pseudo-random (PR) generator at basband as "0"s and "3"s. The 668 symbols in
the data field sync segment consist of two PR sequences of 255 symbols each and
two partial PR sequences of 118 and 40 symbols, respectively. (See Figure 6-4.) A
true PR sequence has a number of 0’s and a number of 1’s that differ by one. The
DC average is thus very close to zero (not counting offsets). Partial PR sequences
may have a non-zero DC average. The present ones, however, do have DC aver-
ages close to zero.

The difference between Field Sync in Field 1 and Field 2 is a change in
polarity (but not in offset). There is thus a negligible change in DC average in the
polarity change, and pilot cancellation is prevented. '

6.1.10 Transmission Data Signal Power and BER

This section refers to the error probability curves of Figures 6-10 to 16-12.
Figure 6-10 shows the unprotected 16-QAM symbol error probability curve showing
the familiar 20 dB S/N ratio (average power) needed for 10 symbol error proba-
bility [7].

It is important to note the distinction between S/N and C/N. S includes
only the AC signal (the data eye) power while C includes the added pilot power.
The graphs in this section and in the technical literature should be read with this
distinction in mind. In Section 7 it is noted that C/N, when discussing coverage and
the like, is in reality S/N - that is, minus the pilot power. Since the difference
between S/N and C/N is 0.8 dB for W2 data, the consequences are insignificant.

Also shown in Figure 6-10 are the symbol error probabilities for 4-VSB. At
high signal-to-noise ratio the curve is identical to the 16-QAM curve. At low signal-
to-noise ratios the 4-VSB curve is superior. In the 4-VSB the two outer states have
a maximum probability of error of 50% no matter how large the noise. The outer
states in 16-QAM have a higher asymptotic error probability. The 2-VSB signal has
a theoretical improvement of 7 dB at high signal-to-noise ratios. The high noise
asymptotic behavior shows an even larger improvement. To minimize the complex-
ity in the receiver, it is advantageous to use the same states for the two and four-
level system. If the two outer states were used, the average signal power would be
higher in a 2-level system than in a 4-level system. Inan interference-limited envi-
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ronment this is not desirable. Therefore, the first and third states are used and the
average signal power is approximately 1 dB lower than the 4-level system. The
improvement obtained by using the two level system in signal-to-noise ratio and
signal-to-interference ratio is therefore 6 dB (as shown in Figure 6-10).

Figures 6-11 and 6-12 give the error probabilities after Reed-Solomon error
correction. The RS blocks are 167 bytes long. For W2 data the block is transmitted
in one Data Segment. For W1 data the block is transmitted over two consecutive
Data Segments. The curves also give the byte error probability, which is an in-
termediate step used to calculate the RS block error probabilities.

The video compression system has been designed to be error tolerant and
uses a masking mode to cover uncorrected errors. The threshold for visible errors
is approximately 5 x 10°3. The curves indicate for W2 data this threshold is reached
at a signal-to-noise ratio of 16 dB. For W1 data the threshold is reached at 10 dB
signal-to-noise.

A rugged system must be able to acquire a signal and maintain lock condi-
tion in the presence of very heavy noise. The present prototype receiver can ac-
quire a signal and maintain lock at a signal-to-noise of approximately 0 dB.

6.1.10.1 Pilot Power

The pilot or average data level is different for W1 and W2 data. The 4-
levels of W2 are -2, 0, +2 and +4. All data states are equally probable. Therefore,
the average is +1. The average signal power is +5. The total carrier power
(average signal power plus pilot) is equal to +6. The pilot represents an increased
transmitter power of .8 dB. In the interference-limited environment the pilot is not
a contributing factor. The pilot was placed near band edge where the NTSC Ny-
quist filter will remove it.

The 2-levels for W1 data are 0 and +4. The average or pilot is equal to +2.
The mixture of W1 and W2 data is a function of the video content. Therefore, the
pilot level changes with video content. The total carrier power will vary a few dB.
For accurate measurements at the ATTC, a reference signal will be used to meas-
ure power. Two such signals are available. The Data Field sync segment which is
made up of a pseudo-random sequence which repeats exactly once each Data Field,
or the once per frame Test Segment could be used. This segment is made up a
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3-step signal. A gating signal for either of these signals will be provided.
62 TRANSMITTER
62.1 Transmitter Block Diagram

Figure 6-13 shows the transmission side of DSC-HDTV.

The video source signals are A/D converted and transformed to the YUV or
"L u"v"" format (see Section 3.2.1).

The video data clock signal of frequency fy = 4788fyy = 75.3357 MHz is the
basic clock signal (fgg refers to NTSC; see Table 1, Section 6.1.2). Transmission
data clock signals of frequency f; = f3/7 = 10.76 MHz (see Table I) are distributed
for baseband processing of the transmission data.

Frequency fy is chosen between 72 and 76 MHz, the spectrum gap between
Channel 4 and Channel 5.

As mentioned in Section 4, each Data Field includes 4200 symbols of W1
data for audio channels 1 and 2 and 2100 symbols of W2 data for audio channels 3
and 4. This represents 2100 bits/field for each of the 4 audio channels or 125.874
kb/s. This corresponds to the exact 8th multiple of fyg, NTSC horizontal line rate
which equals the Data Segment rate. The audio bits are protected by the RS Code
of DSC-HDTV. The 125.874 kb/s themselves also include error protection provid-
ed by the Dolby AC-2 encoding system.

The blocks of Multiplexer (MUX) through Precoder perform the functions
previously explained in Sections 6.1.6 through 6.1.9. The data rate in that part of
the system is 2.69 Msymbols/s on 4 parallel bus systems of 8 bits width. In the
Mapper the data is converted to a single bus at 4 x2.69 = 10.76 Msymbol/s.

Test data are for self-diagnostic purpose, specific to the equipment used for
the ATTC tests. They are not interleaved and their DC average is kept positive.

The pre-equalizer is a digital filter that precorrects for transmitter IF, RF,
transmission line and antenna deviations from nominal response. The sinx/x
compensation for the D/A converter is also performed here.

After D/A Conversion, the analog form of the signal is applied to the
Modulator.

The modulation system, "4-VSB", developed for DSC-HDTV, is discussed in

65




._.a._um

XN

T3A31 - ¥

STIVYNOIS
AUYTIIONY

RELY ¥ B

<

<4

[4
<€4—1 H30OON3
oianv

}
<—1 43A0ON3
oliany

< H43QOON3
O3QIA

Y 77/ L/
WV HOVIQ MO014d
H3ILLINSNVHL ALQH-OSAa
€19 'Old
—1071d
viva
ONAS
viva
1831
v
H3LLIN NOISH3dSIa 138440 T0ULNOD
-SNYHL
] M I aN0o [ B32 Le ] wad o0 | A L sk | |
- I ¥aLud @sA | y/q vav: V| o 3o | ay20 I | asavieos

ZHN 92°0L=Y

£4 44

l+
%0070

g -

ANA
oL

XIHIVN
ANOD Q/¥

ZHW ve'52="}




the next section.
622 4-VSB/2-VSB Modulation

A common way to accommodate a maximum of 21 Mb/s in a 6 MHz chan-
nel is by 16-QAM. The bitstream is split into two and each is transformed into
symbol sequences of 538 Msymbol/sec at 2 bits/symbol. Each sequence of 4-level
symbols modulates one of a set of two carriers in quadrature by suppressed carrier,
double-sideband AM. '

Such a method poses receiver carrier regeneration problems under circum-
stances of strong NTSC cochannel interference. The data-directed detection
method fails with an NTSC carrier 1.75 MHz away and only a few dB below the
desired signal which is the situation in which a simulcast HDTV receiver must
function.

Using non-suppressed carrier would aid detection but requires extra power
at a place in the spectrum where it would cause interference into NTSC receivers.
The carrier’s mid-band location is where its visibility would be at its worst. Even a
much attenuated carrier, a pilot signal, would be a risk for interference into NTSC
receivers in that frequency region.

A frequency region in which an NTSC receiver has strong attenuation is
near the low end of the (RF) band. A pilot in this region will not cause interfer-
ence into NTSC receivers. _

It now becomes a natural choice to place both carrier and pilot near band

edge and apply vestigial sideband modulation. The data signal of maximum 21
Mb/s is partially converted into four-level symbols at 10.76 Msymbol/s,
"4.VSB", and partially into two-level symbols, "2-VSB". The spectral placement of
the DSC-HDTV REF signal in relation to an NTSC cochannel is shown in Figure 6-
14. , :
It was shown in Section 6.1.10 that the theoretical symbol error-probability
of 4-VSB is almost identical to that of 16-QAM. 4-VSB has a quadrature compo-
nent which is the Hilbert transform of the in-phase component over the single
sideband region, which is almost the whole band. In 16-QAM the in-phase and
quadrature components are, of course, unrelated. There are other, differences
between 4-VSB and 16-QAM.
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FIG. 6-14

Computer simulation has shown some significant differences in detected eye
height between 4-VSB and 16-QAM when group delay tilts or data detecting carrier
phase differences are introduced. 4-VSB shows somewhat greater eye height than
16-QAM when these imperfections are applied. Since 4-VSB’s symbol rate is twice
that of 16-QAM, the eye width in absolute time measure of 4-VSB is half that of 16-
QAM. The prototype receiver will use a phase-locked crystal oscillator. This, in
combination with the channel equalizer, provides for a stable, accurate data detec-
tion system. '

Some eye diagrams obtained by simulation are shown in Figures 6-15
through 6-17. _

The first two eye diagrams show the case of nominal channel response,
Figure 6-15a for 16-QAM in-phase detection, and Figure 6-15b for 4-VSB. Note
the difference in horizontal scale, referred to above.

The next two eye diagrams show the result of a linear group delay tilt of 80
nanoseconds across the 6 MHz channel; again comparing 16-QAM (Figure 6-16a)
to 4-VSB (Figure 6-16b).

The last two eye diagrams show the influence of a demodulating carrier
deviation from ideal by 13 degrees; Figure 6-17a for 16-QAM and Figure 6-17b for
4-VSB. - '

In summary, even though carrier-to-noise ratio, data rates and channel
occupancy are equal for 4-VSB and 16-QAM, in the given conditions of HDTV and
NTSC in the same band, 4-VSB has distinct advantages over 16-QAM.

6.2.3 SAW Filter and Dispersion

The overall nominal system characteristic is shown in Figure 6-18. The
optimum arrangement is to divide the rolloff equally over transmitter and receiver.
This yields the characteristic of Figure 6-4 top, implemented as SAW filters for
transmitter as well as for receiver. The overall characteristic does not require the
same skirt selectivity on both sides, although the system is so implemented.

Transmitter and receiver SAW filters have complementary sloped group
delay characteristics. This imparts a dispersion to the transmitted data signal which
is intentional.

As long as the DSC-HDTV RF data stream is truly random, the cochannel
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