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1 Introduction 

Professional broadcasters today face an ever growing array of new technologies, distribution 
options, format choices, and new and changing standards. Content providers have many choices 
for distributing digital video via satellite, over the air, and through IP networks.  New 
technologies such as H.264 compression and DVB-S2 modulation offer enticing ways to reduce 
operating costs, increase quality, or offer new services to subscribers. In addition, the switch 
from analog to digital video topologies and adoption of high definition services creates the 
transitional need to simultaneously integrate new equipment while supporting legacy devices and 
services from end to end in the delivery chain. 

The result is that today’s video distribution infrastructures carry compressed video as high 
definition or standard definition, encoded with different compression algorithms, and bundled 
with various types of audio and ancillary data services. Service providers must receive this 
variety of content and normalize it for delivery to the last mile network.  

Video transcoding devices are being used in headend and hub architectures to solve the 
challenges of multiple formats within the distribution network, to normalize signals to the 
requirements of the last mile network, and to increase the efficiency of network bandwidth 
utilization.  The correct application of video transcoding in these different applications requires a 
deep knowledge of the technologies involved. This presents a challenge for headend engineers as 
they are required to become experts in multiple standards and codecs in order to configure these 
new devices for optimal operation in the network.  

This paper discusses how to best utilize video transcoding techniques both in content 
normalization for the last mile and in improving bandwidth efficiency in the distribution 
network. Three different use cases are examined along with an in-depth discussion of the optimal 
configuration of a video transcoder in each case. 

1.1 Video transcoding and key considerations when configuring a video transcoder 

Video transcoding in the cable realm has become necessary due to the increasing use of multiple 
video codecs. For many years, the MPEG-2 video coding standard [1], released in 1994, was the 
only real video coding standard in widespread use in cable networks. However, as more and 
more channels came online and high definition television became popular, there was demand for 
a more efficient video coding standard. This led to the release of the H.264 video coding 
standard [2], also known as Advanced Video Coding (AVC), in 2003. Adoption of the newer 
standard in broadcast and cable television networks was slow, however, and it is only within the 
last few years that the H.264 standard has gained popularity. 

As use of the H.264 standard has grown, video transcoding has become necessary. Video 
transcoding is defined here as the decode of compressed video to an uncompressed (YCbCr) 
state, and the re-encode of that YCbCr data in the target codec. This re-encoding can be done in 
the original codec or a different codec; re-encoding to the same codec is also sometimes referred 
to as transrating. Transcoding to a different codec is normally used for interoperability or for 
achieving superior compression, while transcoding to the same codec can be used to lower 
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bitrates or perform image scaling. In each of these cases, configuration of the transcoder can vary 
widely depending on the situation. 

Key considerations when configuring a video transcoder include tradeoffs between video bitrate 
and video quality, encoding complexity and latency, maintaining interoperability with legacy 
equipment, and preserving non-video data. 

1.1.1 Video bitrate and video quality 

Video bitrate configuration and video quality measurement are probably the most important 
considerations when configuring any video transcoder. The video bitrate achievable without loss 
of quality across the transcode operation can vary widely across content and across transcoder 
products. Due to this variability, cable operators must be aware of video quality considerations 
when choosing a transcoder product. 

The most prevalent method of measuring video quality is to perform comparisons between 
original and transcoded sequences of video, using a standardized sequence. These comparisons 
may be subjective (opinion-based) or objective (based on numerical calculations). The Video 
Quality Experts Group (VQEG) publishes a standard set of sequences [3] that are often used in 
video quality measurements.  

One common comparison calculation is the PSNR (peak signal-to-noise ratio) calculation. This 
test performs a pixel-by-pixel comparison, frame by frame, of the original and transcoded 
sequences to determine the signal-to-noise ratio, in dB. This test is objective, straightforward, 
and involves quick and easy calculations. Because of that, it is the most widely used 
measurement of video quality. The references in this paper to changing video bitrates while 
maintaining quality all use PSNR measurements as the basis for this information. 

However, the one major drawback to the PSNR measurement is that it doesn’t take into account 
which differences in a pixel may or may not be more obvious to a human eye. Because of that, 
subjective video quality measurements are generally considered a more accurate representation 
of video quality. However, these subjective measurements usually take more time, money, and 
effort to perform. One prevalent subjective method of video quality measurement is the 
Difference Mean Opinion Score (DMOS). 

DMOS measurements involve several human viewers watching original and processed content 
and rating the content on a scale. The order of presentation is varied, while the viewing distance, 
screen, and other equipment remains constant. The final score is calculated by taking the 
difference between the rating given to the original and the rating given to the processed content. 
More information about subjective video quality measurement methods is described in a 
recommendation published by the ITU [4]. In addition to DMOS, several other subjective 
measurement methods exist, but most are based on the same premise – rating original and 
transcoded content. 

While DMOS is a subjective measurement, algorithms exist that attempt to reproduce the 
conditions and outcomes given by true DMOS measurements with human subjects. This allows 
an approximation of the DMOS measurement to be done with automated measuring equipment 
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rather than live subjects. Automated video quality measuring equipment will also usually 
perform PSNR calculations and sometimes also performs other video quality measurements. 

Although subjective video quality measurements are generally considered more accurate, PSNR 
is still the most prevalent video quality measurement, and at least one study by the VQEG 
showed it to perform equivalently to much more complicated models of video quality [3]. Using 
PSNR measurements, studies have shown that the H.264 codec provides a compression 
advantage of 40-60% over MPEG-2 [5], [6]. 

1.1.2 Encoding complexity and latency 

Another key consideration of video transcoding is encoding complexity and latency tradeoffs. 
More complex encoding tools can sometimes provide superior compression and superior video 
quality. However, these tools may only be available in more expensive equipment, may create 
problems with interoperability, or may cause latency in the system to increase. When configuring 
a video transcoder, the operator must keep these tradeoffs in mind. 

1.1.3 Maintaining interoperability with legacy equipment 

Maintaining interoperability with legacy equipment is one of the major reasons that cable 
networks need to transcode video. In this case, maximum compression is no longer the main 
concern. Interoperability issues with GOP structures, decoder access points, and VBV settings 
may arise. 

1.1.4 Non-video data 

A final consideration when setting up a video transcoder is handling of non-video data. Some use 
cases may call for the transcoding of audio, and maintaining lip sync between audio and video 
can be a concern. The proper handling of table data and ancillary data like closed captions, AFD 
codes, SCTE35 data, and VBI data must also be considered. 

1.2 Use cases involving video transcoding 

Three use cases involving video transcoding are addressed to demonstrate how each of the key 
considerations for configuring a video transcoder may be weighted differently, and lead to 
different configurations, depending on the application. The first use case will examine 
transcoding multiple channels to H.264 for backhaul over an IP network. The goal of the video 
transcoder in this use case is to reduce operating costs and ensure efficient bandwidth utilization. 
The second use case will explore an architecture in which HD content is provided to a Major 
Systems Operator (MSO) as H.264, and then transcoded to MPEG-2 for delivery to the consumer 
set-top box while maintaining high video quality. The third use case will discuss how video 
transcoding from MPEG-2 or H.264 HD to simultaneous MPEG-2 HD and MPEG-2 SD 
channels can allow cable companies to inexpensively source SD tiers and comply with “must 
carry” rules. 
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2 Case 1: Improving compression on backhaul 

The first case under consideration describes the use of the H.264 codec to improve compression 
on backhaul. In this scenario, an MSO collects local content from several content providers and 
distributes the content to several cable headends. The MSO uses an IP network to transfer all 
twenty channels to multiple cable headends, and this IP network has a fixed amount of 
bandwidth. All channels are transcoded to H.264 to reduce the bandwidth required while 
maintaining video quality. Then, at the headend, the channels are transcoded back to MPEG-2 to 
be delivered to viewers. Figure 1 shows a diagram of this use case. 

 

 
Figure 1 - Case 1: Improving compression on backhaul 

In the above use case, the two major considerations for configuring the transcoder are achieving 
maximum compression while maintaining video quality and preserving table and ancillary data. 
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2.1 Achieving maximum compression while maintaining quality 

2.1.1 Video bitrates and video bitrate mode 

As previously stated, depending on content, H.264 compression can provide approximately a 
50% improvement in bitrate over MPEG-2 compression. The primary consideration in this use 
case, achieving maximum compression, is configuration of the video bitrate and video bitrate 
mode.  

In this use case, either VBR or CBR mode can be used. Many MSOs choose to use a more 
straightforward CBR architecture, which allows networks to have a more predictable, less 
complex configuration. In this case, simpler multiplexing techniques can be used, and it is less 
likely that the data will exceed the allotted bandwidth of the IP network, provided the bitrates are 
configured appropriately during initial setup. VBR architecture, on the other hand, is more 
complex, but might be preferable in networks that are extremely bandwidth-limited. VBR mode 
is usually most effective when used with more complex statistical multiplexing techniques, and it 
may be more likely to exceed bandwidth allotted, unless complicated algorithms are used to 
guarantee that the maximum bandwidth is never exceeded. 

In either mode, use of the H.264 codec will allow significant reductions in video bitrate. In the 
example above, consider a situation where the local content is twenty channels of MPEG-2 video 
at 15Mbps per channel. With the use of transcoding, the twenty channels of MPEG-2 video can 
be transcoded to 7Mbps H.264 each without loss of video quality. That efficiency improvement 
would provide a bandwidth reduction of approximately 160Mbps, or about a 56% reduction in 
total bandwidth.  

2.1.2 H.264 encoding parameters 

The H.264 encoding standard has many tools that can be used to either improve compression or 
improve quality by concentrating bandwidth on areas where perceptual quality is most impacted. 
Choosing encoding profiles, entropy coding method (CABAC/CAVLC), GOP structure, and 
filter modes can make a difference. In each of these cases, more complex tools can provide more 
compression and/or higher video quality, but they may lead to more expensive equipment or 
higher system latency. 

The most common H.264 encoding profile, and the one chosen for this use case, is Main Profile. 
This profile contains most of the H.264 coding tools and supports interlaced (field) coding, B 
slices, and weighted prediction [2]. It also allows the choice of entropy coding methods – 
CABAC or CAVLC. CAVLC is the baseline entropy coding method for H.264, and is less 
complex. CABAC is more complex, but provides 5-15% more compression than CAVLC [5]. In 
this use case, as maximum compression is the key consideration, CABAC can be chosen. 

The GOP structure is also a consideration when configuring a transcoder for high compression 
and high video quality. In this use case, the transcoder can be configured to support maximum 
flexibility in the GOP, including using a dynamic GOP structure mode while allowing the GOP 
to vary between IP and IPBBBB structures. An open-style GOP structure can also be used. 
Finally, scene change and fade detection can be used to vary the GOP structure on the fly to 
better handle scene changes and fades. Each of these techniques to vary the GOP can increase 
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video quality by sending more information (I pictures) when it matters most (for example, at the 
beginning of a scene). 

Filters can be also be used to further improve video quality at higher compression ratios. 
Deblocking filters are used to reduce the blocky artifacts that can be present on macroblock 
edges. Motion-compensated temporal filtering (MCTF) can also be used; MCTF is a more 
advanced prediction method introduced with the Scalable Video Coding (SVC) extension to the 
H.264 standard. While it is a complicated algorithm, MCTF can provide up to 10% improvement 
in coding efficiency for some content, especially content with a lot of smooth motion [7]. 

The above configuration of H.264 encoding parameters stresses maximum efficiency and video 
quality; however, latency can also be a concern in some situations. The use of CABAC, 
reference B slices, and MCTF can negatively affect latency; in systems where low latency is 
needed, a cable network operation may wish to configure the transcoder differently. 

2.1.3 Audio transcoding 

In the above use case, audio transcoding could be used to gain some further compression. 
However, gaining bandwidth is not usually a compelling reason for audio transcoding. The 
amount of compression gained by transcoding audio is small compared to video.  For example, a 
single audio channel transcode may reduce the aggregate bitrate by less than 500kbps, while a 
single video channel transcode may reduce the aggregate bitrate by 7-8Mbps. Therefore, audio 
transcoding is not advantageous in this use case. 

2.2 Preserving table and ancillary data 

In the use case described in this section, preserving table and ancillary data is important, as the 
cable headend may need to use this data. As an example, consider a situation in which all 
channels in the backhaul contain PAT and PMT tables with various optional descriptors, SDT 
tables, closed captioning, SCTE35 data, and AMOL / Nielsen data (SCTE127). The channels 
may be multiplexed differently during backhaul. 

While the basic table structure remains the same throughout the transcoding operation, during a 
decode and re-encode the tables in the transport stream are torn down and rebuilt. In this use 
case, it is important that the video transcoder product maintains descriptors from the PMT and 
the service names from the SDT for downstream devices to use in service selection. If the 
channels are re-multiplexed prior to backhaul, the output PIDs may also be remapped to a 
different set of values, and the service name may be changed. Video transcoder products have 
varying support for maintaining table data, and operators must be careful to choose a product that 
will maintain the table data that is important to them. 

In this use case, it is also important to maintain ancillary data, including closed captioning, 
SCTE35 data, and SCTE127 data. Closed caption data must be extracted from the user data 
space of an MPEG-2 encoded picture and reinserted in the SEI of that same picture in the H.264 
encoded output. SCTE35 data must be de-multiplexed from the original transport stream and re-
multiplexed into the appropriate output transport stream while maintaining timing relative to the 
original insertion point. Finally, SCTE127 data must be de-multiplexed from the original 
transport stream and re-multiplexed into the output transport stream. Each of these data types has 
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different considerations (frame accuracy, timing, data manipulation) and the video transcoder 
product in this use case must be sophisticated enough to support all of these considerations. 

3 Case 2: Normalizing content 

The second case under consideration describes the use of video transcoding to normalize content 
for delivery to the last mile network. In this scenario, a content provider has upgraded their 
equipment to H.264 to take advantage of the better compression and lower bandwidth needed to 
deliver their channels. As an example, the content provider modulates these channels using a 
DVB-S2 modulator and delivers them through an uplink center. A cable provider headend 
receives these channels, demodulates them, and transcodes them to MPEG-2 to provide suitable 
content for the cable network’s install base of MPEG-2 set-top boxes. Figure 2 shows a diagram 
of this use case. 

  
Figure 2 – Case 2: Normalizing content 

In this use case, interoperability with the install base of set-top boxes is the main consideration. 
Video quality is also an important, although secondary, consideration.  
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3.1 Interoperability and normalization 

Cable headends can receive content today through a variety of different media: off air, satellite, 
IP, ASI, or fiber. Each of these mediums has different challenges in reception of the signal, and 
video transcoder platforms may support some or all of these standards. The first step in 
normalization of the signal is bringing it down to the transport stream layer through 
demodulation or de-encapsulation. In this example, DVB-S2 demodulation is required, but the 
use case can be extended to different forms of delivery. Next, the four channels of H.264 HD 
video must be transcoded to MPEG-2 HD video. Key interoperability considerations for the 
transcode operation include configuring appropriate encoding parameters and maintaining table 
and ancillary data. 

3.1.1 Configuring appropriate encoding parameters 

The MPEG-2 encoding standard has been around for many years, and cable networks may need 
to support three or four different generations of set-top boxes. For maximum interoperability, a 
simpler approach to the MPEG-2 encoding toolset may be needed. 

The MPEG-2 encoding profile is one choice to make for this transcode operation. To guarantee 
maximum interoperability, a non-scalable profile should be used. In this use case, the profile 
chosen is Main Profile. Main Profile is the most widely-used profile in the MPEG-2 standard [8]. 
This profile allows the use of B frames without adding complexity to the encode operation. 

For interoperability, a simple, static GOP structure should be configured as it is the most 
straightforward. The GOP can be set to IPBB and not allowed to vary. A closed-style GOP 
structure can also be used. Finally, anything that causes the GOP to vary, including scene change 
and fade detection algorithms, should be disabled. 

The VBV delay is also a consideration in this use case. Although the MPEG-2 standard allows 
for a large VBV delay [1], some set-top boxes may only support the ATSC standard maximum 
delay, which is 450 ms [9]. The VBV delay in this case should be configured to be lower than 
450 ms. 

Some encoders also allow configurability of whether every I-frame is a random access point or 
not, or even whether any random access points are signaled in the stream at all. To ensure 
interoperability, random access points should be inserted into the stream at least every few I-
frames, or more often if it is manageable. 

3.1.2 Preserving table and ancillary data 

In the use case described in this section, just as in the first use case, preserving table and 
ancillary data is important over the transcode operation. As an example, all channels could 
contain PAT and PMT tables with various optional descriptors, SDT tables, closed captioning, 
and SCTE35 data.  

Once again, it is important that the video transcoder product maintains descriptors from the PMT 
and the short names from the SDT for downstream devices to use in service selection. Closed 
caption data must be extracted from the SEI of the H.264 encoded picture and reinserted in the 
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user data space of the same MPEG-2 encoded output picture. SCTE35 data must be de-
multiplexed from the original transport stream and re-multiplexed into the appropriate output 
transport stream while maintaining timing relative to the original content. 

3.2 Bitrate Mode and Bitrate 

Because interoperability is the main concern in this use case, the bitrate mode chosen should be 
CBR, as some legacy equipment cannot handle VBR video. The output bitrate should be chosen 
to maintain the quality of the high definition channel while switching to the MPEG-2 codec. For 
example, consider a case where the incoming stream is encoded in H.264 HD at 7Mbps. 
Compression efficiency will be lost by transcoding MPEG-2 video to H.264 video.  However, 
even with some of the simpler MPEG-2 encoding methods chosen in the example, the output 
bitrate may be able to be set to less than double the incoming bitrate. Most transcoder products 
have later generation MPEG-2 encoders, which can achieve good quality video at less than a 
50% bitrate increase over the H.264 bitrate.  Depending on content, an output bitrate of 10-
13Mbps for each MPEG-2 HD channel may be appropriate. 

4 Case 3: Sourcing MPEG-2 HD and SD tiers 

The third and final case under consideration describes the use of video transcoding to source 
simultaneous HD and SD tiers. In this scenario, a cable headend receives all-HD content in both 
MPEG-2 and H.264 codecs over an IP network. The cable network connected to the headend has 
multiple tiers of service, including an HD tier and an SD tier. Each channel must be delivered to 
customers of both tiers in the MPEG-2 codec to be compatible with the install base of MPEG-2 
set-top boxes. The SD tier is sourced by video transcoders that convert the HD content (in either 
codec) to SD content, while the HD channels are transcoded only if delivered as H.264. Figure 3 
shows a diagram of this use case. 
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Figure 3 – Case 3: Sourcing MPEG-2 HD and SD tiers 

In the above use case, again the major consideration for configuring the transcoder is 
interoperability with the install base of equipment. Interoperability concerns again include 
configuring the encoder appropriately and dealing with table and ancillary data. Audio 
transcoding may also be necessary to fully achieve interoperability. A final consideration for this 
use case is video quality, including the quality of the scaling operation. 

4.1 Interoperability 

In this example use case, the transport stream is delivered over an IP network, and must first be 
de-encapsulated, de-jittered, and potentially have error recovery performed prior to transcoding. 
Again, the use case could be extended to other forms of video delivery. Next, every channel must 
be decoded, scaled, and re-encoded in MPEG-2 to source the SD tier. Transcoding from H.264 
HD to MPEG-2 HD may also be required on a few channels to source the HD tier. In both cases, 
interoperability is a key concern. The video transcoder must be set up appropriately. Audio 
transcoding may be required. Table and ancillary data must be maintained or potentially even 
converted to an older standard to support legacy equipment. 

4.1.1 Configuring the video transcoder 

As in the previous use case, cable networks may need to support three or four different 
generations of set-top boxes. For maximum interoperability, the video transcoder must be set up 
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with a basic set of tools. The MPEG-2 encoding profile chosen should be Main Profile. The GOP 
structure can be set up to be a static, closed, IPBB structure. Some older set-top boxes cannot 
handle large GOP sizes, so the GOP size should be kept below 15 if possible. Anything that 
causes the GOP to vary, including scene change and fade detection algorithms, should be 
disabled. 

As mentioned previously, the VBV delay should be kept to below the ATSC standard maximum 
of 450 ms. Random access points should be inserted into the stream at least every few I-frames, 
or more often if it is manageable. 

4.1.2 Audio transcoding 

While audio transcoding does not give a major compression advantage, and so was not necessary 
in the first use case, it may be necessary to guarantee interoperability with older, SD set-top 
boxes. In this use case, audio delivered along with HD content from the content providers can be 
AC-3 (Dolby Digital) or AAC audio, and may need to be transcoded to MPEG-1 Layer II audio 
to be useable by older set-top boxes. Considerations for transcoding an audio channel to MPEG-
1 Layer II audio include downmixing, bitrate selection, and sample rate selection. A downmix 
may be required if audio is delivered in a multichannel configuration. A bitrate of 192kbps and a 
sample rate of 48 kHz are also very common configuration options for MPEG audio. 

4.1.3  Table and ancillary data 

Table and ancillary data are also important in this use case, and there may be special 
considerations for SD tiers. When converting to an SD format to source an SD tier, it might be 
advantageous to make changes to table data, including re-mapping the PIDs or changing the 
short name, for example, from “X Network HD” to simply “X Network.” Descriptors may have 
to change if an audio transcode changed the audio type, or if an audio channel is no longer 
available in the service. 

Ancillary data may also have to change format when converting to SD. Special consideration 
must be given to closed caption data.  Closed captions must be extracted and reinserted, and 
depending on the age of the set-top boxes, 608/708 style captions may not be supported.  In this 
case, the transcoder may need to be able to convert the caption data.  One common caption 
format supported by older set-top boxes is SCTE-20 style captions. Converting 608/708 captions 
to SCTE20 involves changing the headers, reordering data bytes, and matching caption data to 
the appropriate field, which is especially important in progressive to interlaced or interlaced to 
progressive conversion. Another type of ancillary data especially important to this use case is 
AFD data. Conversion to SD brings up the potential to use AFD codes for the conversion. These 
codes must be extracted and applied appropriately to the video. The AFD standard [10] does not 
dictate the behavior of the scaling operation, and so users must be careful to audit AFD operation 
to ensure it meets their needs. Finally, the user may wish to re-insert new AFD codes that reflect 
the result of the scaling operation (if required by downstream equipment). 

4.2 Video quality and scaling 

Video quality in this use case depends on two main things – the bitrate chosen, and the quality of 
the scaling operation. The bitrate mode chosen in this case is CBR, as some legacy equipment 
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cannot handle VBR video. The bitrates can be chosen for HD and SD depending on content and 
level of quality expected. For example, assume the quality level for the incoming H.264 HD 
channels at 7Mbps and the MPEG-2 HD channels at 15Mbps is approximately the same. The 
MPEG-2 HD output channels could be transcoded to MPEG-2 HD if desired to reduce the bitrate 
of these channels to 10-12 Mbps.  The output bitrate for the MPEG-2 SD version of each of these 
channels can be set to a modest 3Mbps. The video quality, however, will also depend on the 
quality of the scaling operation.  

The quality of a format conversion can depend on multiple factors. One is color space 
conversion. HD video is often delivered in color space as defined in the ITU 601 standard  [11], 
while SD video is usually delivered in color space as defined in the ITU 509 standard [12]. Color 
space conversion must be performed on the color components of each frame during the format 
conversion to ensure the output is in the correct color space. Another consideration during a 
format conversion is the frequency response of the scaling filter, which can vary widely among 
scalers. A standard multiburst pattern best shows the frequency response of a scaler. A final 
consideration when configuring a scaler is aspect ratio conversion. When a 16:9 HD signal is 
converted to a 4:3 scale, a crop or letterbox operation can be performed depending on content.  
This operation can be performed based on an AFD code or user setting. 

 

5 Summary 

Video transcoding can be used in many different ways in headend and hub architectures. 
Different use cases bring different considerations to the configuration of video transcoders. In 
some cases, maximum compression and video quality are most important. In other cases, 
interoperability is most important. Each drives a unique configuration of the video transcoder. 
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Acronyms and abbreviations 

 
AFD:  Active Format Descriptor; code used to describe video format and aid in aspect 

ratio conversion 
AMOL:  Automated Measurement of Lineups; type of VBI data used by Nielsen Media 

Research to track viewership 
ATSC:  Advanced Television Systems Committee; this committee released the prevailing 

standard for US digital television 
AVC:  Advanced Video Coding 
CABAC:  context-adaptive binary arithmetic coding; an entropy processing method in the 

H.264 video coding standard 
CAVLC:  context-adaptive variable length coding; an entropy processing method in the H.264 

video coding standard 
CBR:  constant bitrate 
DMOS:  Difference Mean Opinion Score; video quality metric 
GOP:  Group of Pictures; 
H.264:  Standard for video compression 
ITU:  International Telecommunications Union 
MCTF:  Motion-Compensated Temporal Filtering 
MPEG-2:  Reference to H.262 standard for video compression 
MSO:  Major Systems Operator 
NTSC:  National Television Systems Committee; this committee released the analog 

television standard using in the US 
PAL:  Phase Alternating Line; analog television standard used in Europe 
PID:  Packet Identifier 
PSNR:  peak signal-to-noise ratio; video quality metric 
SCTE127:  Society of Cable Telecommunications Engineers standard for carriage of vertical 

blanking interval data in North American digital television 
SCTE35:  Society of Cable Telecommunications Engineers standard for digital program 

insertion cueing messages for cable 
SEI:  Supplemental Enhancement Information 
SVC:  Scalable Video Coding 
VBI:  Vertical Blanking Interval 
VBR:  variable bitrate 
VBV:  Video Buffering Verifier; hypothetical reference decoder 
VQEG:  Video Quality Experts Group 
YCbCr:  luma (Y) and chroma (CbCr) color components of uncompressed video 

 

Keywords: transcoding, H.264, AVC, video quality, bitrate 
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