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Audio Clicks

1-THE BACKGROUND

The distribution of digital audio signals inside an audio production complex requires the
encoding of the raw digital data in a manner specific to and optimized for the
characteristics of the distribution medium. The AES/EBU standard specifies the manner
in which two digital audio signals (e.g. left and right) and overhead information are
formatted into a bit-serial digital audio stream. The channel encoding scheme used is
called Bi-phase Mark encoding and results in a wideband signal with a Nyquist
frequency of 3.072 MHz and nulls at 6.144 MHz and its multiples. The significant
bandwidth (<6 MHz) is similar to that of the standard definition television (SDTV).
Depending on the application, various digital audio signals present in an audio
production studio environment may be asynchronous or synchronous. TN-1 reviews the
AES/EBU digital audio distribution standard.

In a teleproduction complex, the distribution of the related digital audio and video
signals can be achieved by routing them separately. Alternately, the AES/EBU digital
audio signals can be mapped (embedded) into the ancillary data space of a bit-serial
digital video signal conforming to the ANSI/SMPTE 259M standard for single coaxial
cable distribution. TN-2 reviews the ancillary data-multiplexing concept.

The distribution of digital audio signals inside a digital teleproduction complex requires
that the digital audio and digital video be synchronous, i.e. derived from a common
reference. TN-3 reviews the audio/video synchronization concept.

Performance limitations of signal distribution paths inside a production studio or
complex can adversely affect the shape of the digital signal (the eye pattern). Within
wide limits, a distorted eye pattern has no audible effects. Excessive eye pattern



distortions will result in the inability of the receiver to recover the original data. The
resulting errorred bits have as an effect "clicks" and "pops" in the reproduced sound.

This paper reviews the digital audio signal distribution either as an AES/EBU data
stream or embedded into a bit-serial digital video data stream and the various related
causes of audio clicks

2-AES/EBU DIGITAL SIGNALS CONSIDERATIONS

2-1 Interface characteristics (For details see TN-1)

The 1985 version of the AES/EBU standard specified a balanced electrical interface
with a transmitter output (source) impedance of 110 Q and a receiver input impedance
of 250 Q. The transmission medium is a twisted/shielded analog audio-type cable of
unspecified characteristic impedance and the connectors are XLR type. The
transmitted output signal amplitude (launch amplitude) can vary from 3 to 10 Volts p-p
and the receiver sensitivity should be at least 200 mV p-p. This original specification is
based on the concept of allowing a 2 to 1 impedance mismatch. In addition, up to four
receivers were allowed to be connected in parallel across the transmission line resulting
in a worsened mismatch.

Transmission line theory and practice is predicated on matching the source
impedance, the cable characteristic impedance and the receiver input impedance. The
quality of matching is expressed in terms return loss which in analog video, with a
baseband bandwidth of nominally 5 MHz, is of the order of 40 dB. Whether or not a
circuit is treated as a transmission line depends on the frequency of the signal and the
length of the circuit.

At analog audio frequencies (<20 kHz) transmission line mismatch effects occur at
cable lengths in excess of 1500 meters. Such cable lengths are unlikely to be
encountered in a studio complex. As a consequence, modern analog audio equipment
used inside an audio production studio does not require rigorous impedance matching.
Normally, the source impedance is of the order of 50 &2 and the receiver input
impedance is of the order of 10000 2 or more.

The critical distance at which data signals of the AES/EBU interface begin to suffer
transmission line effects is only about ten meters, because of the higher frequencies
involved. The problems usually encountered are high frequency losses and standing
wave effects due to send, receive and cable impedance mismatch. The effects are
generally unpredictable since they depend on the specific operational signal distribution
requirements resulting in peculiar signal patching configurations for in-plant distribution.
This results in a pattern of standing waves making the performance unpredictable. The
worst case occurs with an open-ended cable with a length equal to a quarter wave
length. Connectors, in general, have a minimal effect on the impedance mismatch
because they represent a very short electrical length. The receiver input mismatch is
important with relatively short cables since the non-absorbed (returned) energy is



relatively high and could lead to a significant distortion of the eye pattern. With longer
cables, the returned energy is considerably attenuated and does not significantly
interfere with the shape of the eye pattern. The combined effects of high frequency
losses and impedance mismatch are random clicks which are the bane of the AES/EBU
digital signal distribution. The unpredictable behaviour is further complicated by the
rather loose specification of the transmitter signal launch amplitude.

In an effort to reduce the effects of mismatch, an enhanced and amended version of
the AES/EBU standard was issued in 1992. It specifies a receiver input impedance of
110 Q, a cable characteristic impedance of 110 Q and allows only one receiver to be
connected at the end of the cable. This eliminates some of the problems created by the
impedance mismatch but does not resolve the problems created by the loose
specification of the launch amplitude, 2 to 7 Volts p-p, as well as the high frequency
cable losses. Various passive fixed receiver high frequency loss equalization schemes
are used. The fixed receiver equalization may reduce high frequency loss problems due
to long cable lengths but could create signal overshoot problems with short cable
lengths resulting in a malfunction of the receiver.

A more recent revision of the standard, the result of a joint venture of AES and SMPTE
subcommittees, specifies an unbalanced 75 Q interface using a conventional video
coaxial cable and a p-p signal level of 1 Volt across 75 €. A return loss of 25 dB is
specified for the transmitter and the receiver. This type of interface offers improved
compatibility with a video operational environment and allows the use of standard non-
clamping video equalizing amplifiers. The connector used is the compact, reliable and
relatively inexpensive BNC connector. Equipment and interconnections conforming to
this standard remove most of the original problems associated with the distribution of
AES/EBU digital audio signals. Interfacing with older equipment conforming to the
earlier AES/EBU standards is quite a challenge and requires the use of signal
amplitude and impedance matching elements. This leads to increasing costs and
installation complexity but results in improved signal distribution reliability and a reduced
occurrence of pops and clicks.

2-2 Synchronization considerations (For details see TN-3)

Digital audio signals are made of discrete samples. Mixing, inserting and assembling
digital audio signals, from a variety of sources, requires the synchronization of samples
to a reference source in both frequency and phase. If the signals are not locked, then
clicks may be heard as one signal runs through a timing point with respect to another
signal being mixed with it. Digital audio samples must be in phase with a reference
signal with a tolerance of +5% of an audio frame at the transmitter output and with a
tolerance of +25% of an audio frame at a receiver input. The timing reference signal is
the first edge of the Z or X sync word. Timing is expressed as a percentage of the
sampling period. Failure to synchronize and phase digital audio signals can result in
pops and clicks. To achieve synchronization, a central synchronizing generator feeds
each digital audio source with a reference sampling rate signal in a manner similar to
that of a television studio.



2-3 Analog signal level considerations

A/D converters have a specific dynamic range which depends on the number of bits per
sample used. A system with a resolution of 16 bits per sample has a dynamic range of
the order of 96 dB. The dynamic range is limited at the top by clipping and at the bottom
by quantizing noise. The clipping level is also referred to as the maximum operating
level (MOL) and expressed as 0 dBFS (FS stands for full scale).There is no digital
representation of analog audio signal levels above 0 dBFS. A digital system is
characterized also by the standard operating level (SOL) sometimes referred to as the
line-up level. SOL is usually chosen such as to avoid signal level excursions beyond 0
dBFS. Although not universally agreed upon, the SOL is usually chosen to be 20 dB
below the clipping level or -20 dBFS. The difference between MOL and SOL is called
the headroom. 20 dB is an adequate headroom and ensures that peak audio signals
levels are not normally clipped. The digital audio clipping results in pops and clicks.

3- EMBEDDED AUDIO SIGNALS DISTRIBUTION (For details see TN-2)

Teleproduction plants handling both audio and video digital signals could benefit from
the simultaneous routing of audio and video signals using the embedded audio
concept. ANSI/SMPTE 272M-1994 defines the mapping of AES digital audio data,
auxiliary data and associated control information into the ancillary data space of the bit-
serial digital video conforming to the ANSI/SMPTE 259M standard.

3-1 Synchronization considerations (For details see TN-3)

The video and audio digital signals need to be synchronous, i.e. audio has to be locked
to video, to avoid a drift in the relationship. In the 525/59.94 scanning standard the
number of audio samples per video frame is not an integer number but, rather, a
fractional number 8008/5 resulting in 1601.6 samples per video frame. To cater for
this situation five consecutive video frames will carry unequal numbers of audio
samples, respectively 1602, 1601 (801 in field 1 and 800 in field 2), 1602, 1601 and
1602 samples. This results in a five phase sequence of digital audio which has to be
taken into consideration in the relative synchronization of audio and video . After five
video frames an integer number of 8008 audio samples is obtained. The relative timing
of the audio vs. video reference point varies from frame to frame and returns to zero
timing difference every five video frames.

3-2 Switching considerations

The unimpaired transmission of embedded synchronous audio information occurs when
it is continuous. If the signal is never switched, the synchronization of the audio frame
sequence, while desirable, is not an issue.

The switching of digital video with embedded audio occurs on line 10 of the vertical
blanking interval (VBI). This switching disrupts the audio signal sequence. Faultless



switching of embedded signals is theoretically possible if all signals, audio and video,
are synchronized from the same central sync source. The sync source generates a
video reference signal, e.g. color black, and a coherent 48 kHz digital audio reference
signal (DARS) for distribution throughout the plant. The color black signal synchronizes
all analog and digital video signal sources as well as, if required, the A/D converters.
The DARS synchronizes all audio A/D converters. While it is possible to achieve
audio/video synchronization and constant five frame phasing for one embedded signal
it is practically impossible to ensure that all signals entering an SDI embedded routing
switcher are both synchronous and maintain an identical audio/video five frame
phasing sequence.

If the signals are in sync but not adequately phased, depending on the precise
switching instant, the switched audio signals may or may not be phased according to
the five-frame sequence. If they are not correctly phased, an audio sample is injected or
dropped, depending on the switching instant. The resulting frequency modulation of the
audio sampling rate increases with the number of switchings. This may result in
emptying or overflowing the receiving buffer to the point where the audio signal is
muted or produces a click. In order to avoid audio clicks at the VBI switching point, the
validity bit (V) needs to be reset to 1 in case there is a discontinuity in the DBN (data
block number) sequence. The reset V bit warns downstream equipment of the
occurrence of a non-phased switch and causes audio muting to occur thus removing
the likely transient click or pop. It is to be mentioned here that not all demutiplexers or
D/A converters are capable of correctly handling the V bit status.
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FIGURE 1 EXAMPLE OF LARGE SCALE 4:2:2 BIT-SERIAL DISTRIBUTION
WITH SYNCHRONOUS BUT NON-PHASED EMBEDDED AUDIO



Figure 1 shows an example where a number of digital VTR's are synchronized to a
central color black signal. The inputs are SDI 4:2:2 video and four analog audio signals
for each of the VTR's. The SDI outputs with dual ES/EBU embedded data streams feed
an embedded SDI routing switcher. The VTR's synchronize the 48 kHz audio sampling
rate to the video sync. They do not, however, phase the audio and video signals
correctly. Switching from one VTR to another will produce loud clicks at the output of
the routing switcher. The only way out of the dilemma is feeding the outputs to a
demultiplexer capable of responding to a logic "one" V bit in the demultiplexed
AES/EBU data stream and muting the signal. If reembedding is required an embedder
will recombine the SDI and AES/EBU data stream for further embedded signal
distribution. This approach could be quite expensive but there is no other solution.
Large routing switchers may have dedicated input/output combinations which are not
normally "hot switched" and thus may not require the deembedder/embedder addition
for every output.

AES/EBU AES/EBU

CH2 —P{A/D CONVERTER P
DARS sDi EMBED[£
»

B
» MULTIPLEXER :
sDI ;

BY ——pp| CAVTO
MASTER DI 4:2:2

SYNC RY —— CONVERTER i 4:2:2 BIT SERIAL 270 Mbps
GENERATOR INPUTS ROUTING SWITCHER

COLOR BLACK — P>

CH1 <@—] AES/EBU AES/EBU

D/A CONVERTER |«
SDI EMBEDDED
cHz < DEMULTPLEXER |

SDi

BY ] SDI 4:2:2
TO CAV
R-Y <&—| CONVERTER

SYNC d——

FIGURE 2 EXAMPLE OF LARGE SCALE 4:2:2 BIT-SERIAL DISTRIBUTION
WITH SYNCHRONOUS AND PHASED EMBEDDED AUDIO

Figure 2 shows an example where a number of SDI embedded data streams are
generated using analog audio and component video sources. Dedicated pairs of audio
and video A/D converters are synchronized using coherent color black and DARS
signals. The digital outputs of the A/D converters are multiplexed and feed an SDI



embedded routing switcher. In this example as well there is no guarantee that all
embedders will generate synchronous embedded signals with identical audio-to-video
phase relationships and, therefore, switching clicks can also occur. For this reason the
output data streams are demultiplexed and the AES/EBU D/A converter is controlled by
the V bit to mute possible clicks. In this application the output signals are returned to
an analog format.

3-3 SDI video signal distribution considerations

The detailed and tightly controlled SDI interface specifications ensure an error-free bit-
serial digital signal distribution with coaxial cable lengths of at least 250 meters at 270
Mbps and in excess of 300 meters at 143 Mbps if the receiver features an automatic
equalizer. Bits in error will occur with longer cable lengths. The visibility of video errors
is highly subjective. Tests have revealed that at bit error rates which create
unnoticeable video errors the accompanying audio errors are highly objectionable.

Among the major factors influencing the occurrence of pops and clicks with embedded
audio signals are excessive signal attenuation, brought about by long coaxial cables,
and jitter. The signal attenuation can be controlled by adequate installation standards.
The jitter tolerance of bit-serial digital video signals is 0.2 Ul (unit interval or eye width)
at any frequency above 10 Hz. This should not be exceeded if click-free audio is
required.

CONCLUSION

The occurrence of clicks associated with digital audio distribution and processing can
be prevented by good engineering practices. AES/EBU digital signal switching
generated clicks can be avoided if the digital audio sources are synchronous. Switching
of embedded audio/video SDI data streams require V-bit controlled audio D/A
converters to mask switching clicks. It has to be remembered that an embedded data
stream is a useful signal distribution or transmission tool. The distribution of digital
audio and video in a single cable is very advantageous if the multiplexed video and
audio signals do not have to be switched or processed separately. In other words the
signal is ready for distribution or transmission. However if the signal has to be "hot-
switched" or demultiplexed for further video and audio processing, using embedded
signals could become awkward and costly. To embed or not to embed is a decision that
requires a clear understanding of the predictable and unpredictable operational
requirements.



