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o rde I: 

he digital audio standard AES3- T 1992 is commonly referred to 11s 
AES/EBU. I t  was developed by the 
Audio Engineering Society and the 
European Broadcasting Union. This 
is another example of  ;I worldwide 
standard being developed  for  the 
broadcast industry. 

There are other standards used i n  
the industry (Table I). SDIF (Sony 
Digital Intcrfiice Format) is a digital 
standard that uses three connections: 
one for each channel in  a stereo pair 
and one for a synchronization signal. 
The analog signal is sampled with 
either a 16 or 20-bit word at 44.1 or 
48 kHz. This format is not uscd i n  
any new c q  u i p m e n t ma n it fact u red 
currently but may be encountered i n  
some older systems. This digital for- 
mat is not used t o  embed audio infor- 
mation i n  the serial video signal. 

SPDIF is the Sony Philips digital 
interface format.  This  standnrd is 
similar to the AES/EBU format and is 
used quite extcnsively in the industry, 
although this signal is n o t  embedded 
into the serial video signal. A single- 
en dcd t ra t i  s m i ss i o n through RC A 
connectors is used as well, and there 
is an optical interface between equip- 
ment. This interface is used for CD 
(44. I kHz sampling) and DAT (48- 
kHz sampling) type devices. 
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MAD1 (Mul t i channe l  Aud io  
Digital Interface) is a standard for 
carrying several channels of AES/ 
E B U .  U p  to 56 channels  o f  AES/ 
EBU in  ii serial format can be trans- 
mitted along coaxial cable at a bit 
rate of 125 Mbits/sec using the NRZl 
(nonreturn to zero inverted) encoding 
method. BNC-type connectors with a 
75-!2 characteristic impedance are 
uscd and typically prwide a connec- 
tion for rnany audio signals between 

pling frequencies, 48 kHz is most 
common for studio applications. The 
choice of 48 kHz is advantab reous t o  
the broadcast engineer i n  that there is 
a re la t ive ly  s in ip le  r e l a t ionsh ip  
between the audio sample rate and 
the video frame rate, which allows 
for simpler audio synchronization 
equipment  and  embedding  equip- 
ment. The bit rate is 3.072 Mbits/sec 
for 48-kHz sampling, and the chan- 
nel coding utilizes a bi-phase code. 
Manches te r  coding  ensures  a DC 
(direct current ) free transmission , 

Table 1 - Summary of Digital Audlo Formats 

Type Form interface Notes 

SDlF 16 or 20 bits Q 3 wire Out of date 

SPDIF Like AES Single-ended CD (44.21 kHz 

MAD1 125 Mbits 754 coaxial Carries 56 

AES 20 or 24 bits Q Twisted pair (XLR) Em bedded 

44.1 to 48 kHz 2 channel, 1 clock 

(RCA) or optical DAT (48 kHz) 

channels AES 

30 to 50 kHz 75R under in serial video 
review signal 

Table 2 - Summary of Ancillary Data in Composite Digital (44,) 

Pulse No. Words/ No. Occurenced Total 
Occurrence Frame WorddFrame 

Horizontal 55 507 27,885 
Broad 376 12 504 
Equalizing 21 24 431_2. 

Total 10-bit worddframe 32,901 
Overall data rate: 9.87 Mbitdsec 
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Figure 1. Ancillary data in composite digital (4fs J. 
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Figure 2. Data in tips of horizontal sync pulses. 
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Figure 3. Data in tips of vertical sync pulses. 
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thereby facilitating simpler clock 
recovery circuitry on the receiver. 
The physical interface specifies a 
balanced transmission over twisted 
pair with XLR connectors. Many 
manufacturers have strayed from the 
use of the bulky XLR connectors for 
reasons of convenience.  SMPTE 
standards groups have recently been 
busy pulling together an unbalanced 
75R coaxial interface. For those 
broadcast engineers concerned with 
what they will do with those analog 
video distribution amplifiers (DAs) 
that were cast aside for the shiny new 
digital edit suite, there is no cause to 
fret .  The coaxial  interface was 
designed s o  that the standard analog 
DA can be used as single-ended digi- 
tal audio DA. 

AES/EBU digital audio has the 
distinction of being the first widely 
used ancillary data type. 

Ancillary Data 
Ancillary data is defined as infor- 

mation added to  the serial data 
stream that is  not active picture 
information. At this time there is a 
standard for embedding audio, EDH 
information, and time code. There 
are future possibilities for standards 
for the embedding of source identifi- 
cation and closed-captioning infor- 
mation. 

Let’s talk about the ancillary data 
region and how it corresponds to the 
composite (4fs,) and component 
(4:2:2) serial digital standards. 

4fsc 
Ancillary data is embedded into 

the tips of synchronizing pulses in  
the composite video signal. One 
important thing to note is that ancil- 
lary data i n  the composite digital 
domain is only available i n  serial 
interfaces - not parallel. Figure I 
gives a pictorial representation of 
where the ancillary data can be 
placed. The TRS-ID is the timing ref- 
erence signal identification, which 
represents sync in  the digital domain 
and takes up some room in  the hori- 
zontal and vertical blanking inter- 
vals. Note that the entire blanking 
intervals are not used up. The hori- 
zonal sync pulses can hold the TRS- 
ID and 55 ancillary data words (Fig. 2). 
The vertical sync pulses hold the 
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TRS-ID and a total of 752 ancillary 
data words in two adjacent vertical 
pulses (Fig. 3). The pre- and post- 
equalizing pulses hold a TRS-ID and 
a total of 42 ancillary data words in 
two adjacent pulses (Fig. 4). Table 2 
gives a summary of ancillary data i n  
the 4f,, signal. When one does the 
math, the overall data rate for ancil- 
lary data is 9.87 Mbitdsec. If  one 
considers 4sc  sampled NTSC signals 
(143 Mbitdsec), the percentage of 
room available for ancillary data is 
approximately 7%. 

4:2:2 
Ancillary data in the 4:2:2 signal is 

placed in  the vertical and horizontal 
blanking intervals i n  between the 
SAV (start active video) and EAV 
(end active video) data sync refer- 
ence words. Remember that the 
blanking intervals are not sampled 
into the 4:2:2 domain (Fig.  5 ) .  
VANC is the ancillary data space in 
the vertical blanking interval and 
HANC is the ancillary data space in 
the horizontal blanking interval. 

Table 3 shows a summary of the 
number of data words that can be 
placed into the VANC and HANC. 
After one does the math, a data rate 
of 55.7 Mbitdsec is revealed and the 
percentage of ancillary data to video 
is approximately 2 1 %, or one-fifth. 
Obviously, there is more room in the 
4:2:2 signal for extra data than in 4J,, 
signals. 

What About VITS (Vertical 
Interval Test Signals) and 
Closed Captioning? 

Information that is encoded into 
the vertical blanking interval (VBI) 
of the composite analog signal (e.g., 
VITS or closed captioning) is not 
considered ancillary data. This infor- 
mation is digitized and survives the 
analog-to-digital (A/D) and digital- 
to-analog (D/A) conversions. Because 
of the hybrid nature of systems in use 
today and for the forseeable future, 
the traditional use of the VBI will 
continue for some time. 

Embedded Audio 
There is good reason to send the 

audio and video signals down a single 
coaxial cable. There is a savings in 
costs for distribution and router 

790-794 795-81 5 340-360 
TRS-ID Anc. Data Anc. Data 

21 Words 21 Words 
Figure 4. Data in tips of equalizing pulses. 

SAV EAV 
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Horizontal Anc. Data 

Figure 5. Ancillary data in composite digital. 

Tabk 3 - Summary of Ancillary Data in 52S-Line Component Digital (42:2) 

Type No. Word& No. Occurrence4 Total 
Occurrence Frame WorddFramo 

HANC 268 525 140,700 
VANC 1440 39 56Im 

Total 1 O-bit worddframe: 198,860 
Overall data rate: 55.7 Mbitdsec 
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Figure 6. Embedded audio. 

Table 4 - Number of Embedded Audio Channels 

Channels 4f, 42:2 

No. of groups 1 4 
No. of AES 2 8 
No. of "mono" 4 16 

switcher equipment, as well as costs 
associated with cable. When audio 
signals are embedded into the serial 
data stream, a multiplexer is used, 
and when audio signals are separated 
from the video signal, a demultiplex- 
er is used. Typically, these process- 
ing devices  are called muxes and 
demuxes (Fig. 6). 

As mentioned earlier,  the AES/ 
EBU standard of digital audio is the 
signal that is embedded into the seri- 
al video signal. There is sufficient 
room in the serial data stream for 
several  channels  of digital  aud io  
information. Remember that AES/ 
EBU carries two channels, typically 
a stereo pair (left and right). Audio 
data is embedded in a group format. 
A group is defined as two AES/EBU 
signals or four monaural channels. 

When embedding the digital audio 
information into the ancillary data 
region, there is no strict template as 
to where the audio information is 
placed. The digital audio information 
is mapped into da t a  packe t s  and 
placed in  the ancillary data region. 
At the  r ece ive  e n d  a 6 4 - s a m p l e  

buffer is used to reconstruct the digi- 
tal audio signal before it is output. 

An analogy might help explain 
how this works. Imagine that the ser- 
ial signal is a train. The train engine 
is pulling many boxcars, which con- 
tain the serial video information. 
Every few boxcars an empty one can 
b e  found ,  and  th i s  would be the 
ancillary data region. This  would 
occur during pulses in the blanking 
intervals of 4fs, sampled signals and 
between the EAV and SAV of 4:2:2 
sampled signals. The audio informa- 
tion is broken into small packages or 
data packets, and a data header or 
label is added to the data packet. This 
package is placed into the empty 
boxcar and sent on its way. At the 
receive end the 64-sample buffer fills 
with incoming data packets and is 
output as the AES/EBU signal. This 
would be like a loading dock onto 
which the data packets are placed 
after being moved from the boxcars. 
The trick is never to let the sample 
buffer o r  loading dock get  t o  the 
point of being overloaded or com- 
pletely empty. 

All  anc i l l a ry  da t a  (AES/EBU,  
EDH, time code) is multiplexed and 
demultiplexed in a similar manner. 
The header on the data packet identi- 
fies the type of data in the packet. In 
other words, the empty boxcar could 
be filled up with audio, EDH, and/or 
time-code information. 

In  4f,, sampled signals, there is 
room for one group of AES/EBU 
signals (four monaural channels). In 
4:2:2 sampled signals, i t  is suggested 
that the audio information be placed 
between the EAV and SAV during 
the horizonal blanking interval, and 
there  is room fo r  four  groups of 
AES/EBU (Table 4). This is 16 chan- 
nels of monaural audio information! 

Conclusion 
To Embed or Not to Embed 

Now that i t  is  possible t o  carry 
audio and video information on the 
same coaxial cable, one must decide 
whether this is an advantage for each 
system. Obviously, i f  the video and 
a u d i o  s igna l s  d o  not have to  be 
processed separately, as in a network 
switching facility, embedding audio 
saves levels of routing switchers and 
distribution amp1 i fiers . 

I n  addition, the audio and video 
always pass through the same amount 
of equipment, which eliminates lip 
sync problems. For instance, if the 
video signal passes through a frame 
synchronizer, the audio will now lead 
the video signal and create lip sync 
problems. But if one must process the 
audio separately from the video, for 
instance, moving the signals around 
on separate cables may make more 
sense.  Also, remember that i f  the 
video is processed through a produc- 
t i o n  switcher ,  the aud io  must be 
dumuxed before the processing and 
muxed after the processing. 

The  question left to the systems 
engineer is whether to embed or not 
to embed. Thank goodness for A S K S  
(application specific intergrated cir- 
cuits)  and VLSl (very large scale 
integration),  which will drive the 
costs down as these new standards 
gain market acceptance. 

We'll have to leave you with your 
calculator to figure out if embedded 
audio is for you! 
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