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EXPERIMENTAL COMPARISONS OF TELEVISION
TRANSMISSION TECHNIQUES

F. A. PERKINS and J. A. PROCTOR
Radiation Systems

Harris-Intertype Corporation
Melbourne, Florida

Summary   The performance of a television transmission system is ultimately measured by
the subjective judgment of the viewer. For different processing techniques, this subjective
judgment may not agree with objective measures such as output signal-to-noise ratio. This
is particularly true when comparing analog and digital techniques, since the nature of the
noise and distortion is quite different. A number of analyses have compared various
modulation and processing techniques on the basis of qualitative characteristics. This
paper provides data for subjective comparisons of several analog and digital techniques.
The cooperation of the NASA Manned Spacecraft Center in allowing use of equipment
being built and tested for them is gratefully acknowledged.

Systems Considered   In general, the systems tested were all configured to handle
standard commercial format, 525 lines, 30 frames per second TV, with the video
bandwidth restricted to about 2 MHz. This choice was based on compatibility with
available equipment, including a Digital Television Transmission Test System used for the
digital processing. (See reference .) Although this video bandwidth is less than
theoretically available with commercial TV, the consensus was that the resulting quality
was not significantly different from that experienced on the typical television set.

The systems tested included the following:

• An analog Amplitude Modulation (AM) system.

• An analog Frequency Modulation (FM) system using a deviation of ±6 MHz, and an
IF bandwidth of 18 MHz.

• A conventional Pulse Code Modulation (PCM) system, operating at a sample rate of
3.6 MHz, with 5 bits per sample, for a transmitted bit rate of 18 Mb/s.

• A source encoded PCM system, using a Zero Order Interpolator (ZOI) redundancy
reduction algorithm. This system initially samples at 5 MHz to 5-bit resolution. By



selecting only those samples necessary to reconstruct the video to a given accuracy
(typically 2/32 to 3/32 of full scale), a transmission rate of 9 Mb/s could be achieved
in this system, one-half that of the conventional PCM system.

• A source encoded differential PCM s stem, using variable length code words to
represent the differences between adjacent video samples. By using short code
words for highly probable differences (e.g., zero), a reduction in the required
transmission rate is achieved. This system operated at a 5 MHz sample rate, with
the resolution automatically switched to achieve a 9 Mb/s output information rate .
For the conditions of the test, the system operated on the 4-bit statistics most of the
time, but was reconstructed to 5 bits.

• A system combining the Zero Order Interpolator source encoding with convolutional
error correcting (channel) coding, with a maximum likelihood decoder. A constraint
length 6, bit rate 1/2 code was used, and the decoder employed 3-bit quantized
“soft” bit decisions. This yields a coding gain of about 5 dB at 10-5 BER. The
system utilized the 9 Mb/s ZOI data to generate an 18 Mb/s transmitted rate (i.e.,
the some transmitted rate as the PCM system).

• a A system combining the Zero Order Interpolator with convolutional error
correcting coding, with a sequential decoder. A constraint length 40, rate ½ code
was used, and the decoder employed “hard” bit decisions. This system also has an
18 Mb/s transmitted bit rate, and has a coding gain of about 4 dB.

These test conditions were chosen to compare the following general system types:

• A simple narrow band analog system (the AM system).

• A simple PCM system capable of roughly the same picture quality at high signal-to-
noise ratios.

• Digital systems which remove some of the natural redundancy in the picture and
substitute systematic redundancy in the form of error correcting coding, with the aim
of achieving better signal-to-noise performance than the conventional PCM system
in the same bandwidth.

• Digital systems employing the source encoding but not error correcting coding, fFor
minimum spectral occupancy.



• An analog system trading spectral occupancy For signal-to-noise performance, and
occupying about the same bandwidth as the simple PCM system and the source
encoded, error correction coded digital system (the FM system).

Testing Methods   The tests were conducted by viewing a photograph with a TV camera,
performing the appropriate processing on the video, and passing the resulting signal
through a simulated RF link where Gaussian noise was added to the signal . The noisy
signal was processed to regenerate a video signal which was displayed on a monitor. The
signal-to-noise ratio was varied From the point were the noise induced degradation was
barely detectable to the point where it was very severe . Monitor photographs were taken
at several points in this range, and some are included in this paper. By selecting photos
processed with different techniques which appear roughly equal in quality, it is possible to
make judgments about relative system signal-to-noise performance at several quality
levels. Usually, the judgment of different observers will not be enough different to
significantly affect relative performance judgments. It has also been noted that, although
the noise appears worse on the still photos than on the live monitor (due to less averaging
on the photo), this difference is relatively constant for all the techniques tested, so that
valid comparisons are possible from the still photos. Exposure time for all photos was 1/25
second. The subject photograph was selected to have roughly an “average” amount of
detail, since the performance of the source encoded system is affected by the picture
statistics. A grey scale bar was superimposed on the lower part of this photograph for
reference purposes.

Link Simulation and Implementation Allowance   This section describes the methods
used for link simulation, and the allowances for implementation loss that were used. This
allows the reader to apply other factors, if desired, to predict results with different system
configurations. The values quoted for signal-to-noise ratio are normalized to one Hertz
bandwidth (i.e., CAT) to allow convenient comparison of transmitted power requirements
for the systems of different bandwidths. The spectral occupancies quoted are the nominal
3 dB RF bandwidths required.

AM System   The AM link was simulated by adding signal and noise at baseband. The
signal-to-noise ratio was measured in terms of peak signal (including sync pulses) to rms
noise. This baseband signal level was then converted to the corresponding rms value of a
modulated carrier, using normal TV practice of 12.5 percent of peak carrier at the white
reference level. The rms value of this modulated carrier is approximately 8 dB below the
peak-to-peak baseband signal. The noise was assumed to transfer directly to RF. No
implementation loss was assumed for the AM demodulation. Spectral occupancy is cited
as twice the 3 dB bandwidth of the baseband filter.



FM System   The FM link was simulated with the aid of a breadboard wideband FM
modulato; and demodulator. Noise was added at the carrier frequency, and was measured
at the output of a calibrated IF filter. Zero dB signal-to-noise ratio was established by
adjusting for a 3 dB increase in signal plus noise over signal alone, with normal modulation
on the signal. The video bandwidth was limited to about 2 MHz before modulation,
deviation was ±6 MHz peak-to-peak, and the 3 dB IF bandwidth was 18 MHz. Spectral
occupancy is cited as 16 MHz, corresponding to the Carson’s rule bandwidth. No
additional implementation loss was assumed.

Digital Systems   The digital links were simulated by adding noise to the serial bit stream
at baseband and applying the sum to a bit synchronizer. All timing was recovered from the
noise signal, and matched filtering and bit decision s were performed in the normal
manner. Performance was measured by measuring the bit error rate, and a total of 1 dB
implementation loss was added for demodulation and bit detection, based on calibration
measurements of bit error rate vs. signal-to-noise ratio for the equipment. This signal-to-
noise performance and the spectral occupancy of 1 MHz per Mb/s assumes the use of
Quadraphase PSK with coherent detection. Spectral occupancy would be doubled, and
C/KT unchanged with Biphase PSK.

Test Results   Figures 1 and 2 show comparable quality AM and PCM pictures. Figures 3
and 4 show AM with higher and lower S/N than Figure I for an indication of the change in
quality with S/N. Figure 5 shows the source encoded, channel coded system at similar
quality to Figure 1, and Figure 6 shows the FM system at a similar quality level. Figures 7
and 8 are FM pictures at lower and higher S/N than Figure 6. Figures 9 and 10 are PCM
pictures at lower and higher S/N than Figure 7. Figures 11 and 12 are source encoded,
channel coded pictures at lower and higher S/N than Figure 5. Figures 13 and 14 are
source encoded pictures with no channel coding. Figure 15 is a source encoded, channel
coded picture with sequential decoding, rather than the maximum likelihood decoding of
Figures 5, 10 and 11 (to illustrate the different error distribution). Figure 16 is a picture
with the statistically encoded differential PCM as the sourpe encoding rather than the ZOI
used for Figures 5, 11, 12, 13, 14 and 15.

Conclusions   The conclusions are necessarily subjective, but can be confirmed or
modified by the reader from the photos presented. The performances of the two source
encoding techniques were not greatly different. Likewise, the two error correction
decoders yielded about the some quality at the same output BER, in spite of the difference
in error statistics. The results are summarized in Table 1 .

For pictures at the limit of acceptable quality, the PCM system required about 8 dB less
link power than the AM system, using about four times the bandwidth. This was more
efficient than the analog FM system occupying about the some bandwidth, which had a



power gain of about 2 dB over the AM system. Adding source encoding to the PCM
system improved both spectral occupancy and link power efficiency, despite the
presumably greater sensitivity to bit errors. The source encoded PCM is about 12 dB
better than the AM system, while requiring only about twice the bandwidth. Adding error
correcting coding improves power efficiency by about 4 dB, the coding gain at the
threshold BER. The digital system with both source and channel coding is 15 dB more
power efficient than an AM system, and about 13 dB more power efficient than the FM
system using the same bandwidth.

Table 1.  Performance Summary
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Fig. 1 - AM
Spectral Occupancy (S.O.): 4.4 MHz
Carrier-to-Noise Ratio in One Hertz
Bandwidth (C/KT):  89.7 dB

Fig. 2 - PCM
S.O.:  18MHz
C/KT:  81.9 dB
Bit Error Rate (BER): 10-4

Fig. 3 - AM
S.O.:  4.4 MHz
C/KT:  79.7 dB



Fig. 4 - AM
S.O.:  4.4 MHz
C/KT:  94.7 dB

Fig. 5 - PCM with Source Encoding
(ZOI), and a Channel Encoding
(Maximum Likelihood Decoder)
S.O.: 18 MHz
C/KT:  74.4 dB
BER:  10-4

Fig. 6 - FM
S.O.:  16 MHz
C/KT:  87.5 dB



Fig. 7 - FM
S.O.:  16 MHz
C/KT:  77.5 dB

Fig. 8 - FM
S.O.:  16 MHz
C/KT:  92.5 dB

Fig. 9 - PCM
S.O.:  18 MHz
C/KT:  77.8 dB
BER:  10-2



Fig. 10 - PCM
S.O.:  18 MHz
C/KT:  83.1 dB
BER:  10-5

Fig. 11 - PCM with ZOI and MLD
S.O.:  18 MHz
C/KT:  73.5 dB
BER:  10-2

Fig. 12 - PCM with ZOI and MLD
S.O.:  18 MHz
C/KT:  75.4 dB
BER:  5 x 10-6



Fig. 13 - PCM with ZOI and No 
Channel Encoding
S.O.:  9 MHz
C/KT:  78.8 dB
BER: 10-4

Fig. 14 - PCM with ZOI and No
Channel Encoding
S.O.:  9 MHz
C/KT:  76.3 db
BER:  10-3

Fig. 15 - PCM with ZOI and 
Channel Encoding (Sequential
Decoding)
S.O.:  18 MHz
C/KT:  74.5 dB
BER:  2 x 10-3



Fig. 16 - Differential PCM with
Statistical Encoding and No
Channel Coding
S.O.:  9 MHz
C/KT:  78.7 dB
BER:  10-4




