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Technical Notes - 3

The Audio Synchronization Concept
THE BACKGROUND

In a digital audio production environment digital audio equipment may be used as stand-
alone units connected to other pieces of equipment via analog input and output ports. In
this case no synchronization is required. When a number digital audio signal sources are
connected to a digital audio mixer using digital input and output ports all signal sources
must be synchronous.  In a digital teleproduction environment, especially when the end
result is an embedded audio signal, the synchronization requirements extend to an
audio/video synchronization. This article gives an overview of the audio synchronization
requirements.

THE CASE OF THE DIGITAL AUDIO STUDIO

Digital audio signals are made of discrete samples. Mixing, inserting and assembling
digital audio signals from a variety of sources requires the synchronization of the samples
to a reference source in both frequency and phase. If the signals are not locked, clicks
may be heard as one signal runs through a timing point with respect to another signal
being mixed with it.

To achieve synchronization, a central synchronizing generator is used to feed each digital
audio source with a reference sampling rate signal in a manner similar to that of a
television studio. To this effect a separate sync socket is to be provided with every piece
of equipment. The preferred method is the use of a digital audio reference signal (DARS).
The DARS has the format and the electrical configuration of the two-channel AES/EBU
interface.



Digital audio samples must be in phase with the DARS reference signal with a tolerance
of ±5% of an audio frame at the transmitter output and a tolerance of ±25% of an audio
frame at the 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. Figure 1 shows the timing
difference tolerance with respect to a DARS.

When connecting external digital signals to an otherwise synchronous and timed audio
studio or center one of two conditions may occur:

• The incoming signal is nominally identical in sampling frequency but is out of
phase with the DARS. In this case a digital audio frame synchronizer  is required using
the DARS as a frequency and timing reference.

• The incoming signal is not identical in sampling frequency. In this case a
frequency-rate conversion is necessary.

Figure 2 shows a simplified block diagram of a digital audio production studio. A central
DARS generator feeds several pieces of equipment to achieve synchronization and
timing:

• A CD player using the sampling frequency of 44.1 kHz  feeds an audio
frequency-rate converter which converts the signal to the standard 48 kHz sampling rate.

•An external 48 kHz sampling rate non-synchronous signal feeds an audio frame



synchronizer which locks the drifting sampling rate to the DARS signal.

•An R-DAT audio tape recorder is synchronised to the DARS signal.

•The digital production mixer.

THE CASE OF THE AUDIO/VIDEO TELEPRODUCTION CENTER

In a teleproduction center the distribution of digital video and audio signals can be
achieved by routing them separately. Alternately, the digital audio signal 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. The distribution of
embedded digital audio signals inside a digital teleproduction complex requires that the
digital audio and digital video signals be synchronous, i.e. derived from a common
reference as well as precisely timed to allow for a click-free audio and video switching.

The AES/EBU digital audio signal is organized in blocks, frames and subframes. An audio
block contains 192 digital audio frames. A digital audio frame contains two audio
subframes each representing an audio channel e.g. left and right. Each subframe is
subdivided into 32 bits: Four sync bits, four auxiliary bits, twenty audio bits and four utility
bits (V,U,C,P).



The dominant digital audio sampling rate in broadcasting and teleproduction studio
applications is 48 kilosamples per second or a sampling frequency of:

fS = 48 kHz

The duration of an audio frame is:

TF = 1/fS = 20.8333 µs

The duration of an audio block is:

TB = 20.83 µs x 192 = 4000 µs

The sampling of the analog audio signal results in an NRZ AES/EBU bit-rate of:

48 ksamples/sec x 2 channels x 32 bits/sample = 3.072 Mbps

The NRZ AES/EBU signal is bi-phase-mark (BPM) encoded resulting in a data rate of
3.072 x 2 = 6.144 Mbps. The sync words are not BPM encoded and have a data rate of
3.072/3 = 1.024 Mbps.

Each audio frame contains 64 bits (32 bits per audio channel) sent every 20.8333 µs,
hence:

•Frame data bit duration = 20.8333 µs / 64 ≈ 325.527 ns
 

•One BPM bit-cell duration = 325.527 ns / 2 ≈ 163 ns 

•Eye diagram unit interval (UI) = 163 ns / 2 ≈ 81 ns

The number of audio samples per video frame is given by:

Samples per video frame = Video frame duration / Audio frame duration

In the 625/50 scanning standard the video frame duration is:

1/25 = 40,000.00 µs

The phase relationship between audio and video signals can be easily maintained since
the number of audio samples per video frame is almost exactly an integer:

40,000.00 µs / 20.833 µs ≈ 1920 sample / video frame

In the 525/69.94 scanning standard the video frame duration is:

  1/29.97 = 33,366.67 µs



The number of audio samples per video frame is not an integer but a fractional number:

33,366.67 µs / 20.8333 µs ≈ 1601.6 samples / video frame

It takes five frames before an integer number of audio samples is obtained.:

1601.6 x 5 = 8008

This results in 8008/(5 x 525) = 3.052 samples per TV line. As a consequence, most lines
may carry three samples per channel while some carry four samples per channel. To
achieve this, five consecutive video frames will carry unequal numbers of audio samples,
respectively 1602, 1602, 1601 (801 in field 1 and 800 in field 2), 1602 and 1601 samples.
This results in a five video-frame phase sequence of digital audio and video which has to
be taken into consideration in the relative synchronization of the digital audio and video
signal sources. 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 after five video frames. Figure 3 illustrates the
five video frame digital audio phase sequence. for the 525/60 standard.



In a routing switcher, 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 audio signals is theoretically possible if all signals, audio
and video, are synchronized to the same central sync source. The sync source generates
a video reference signal, e.g. color black, and a coherent DARS signal for distribution
throughout the plant. The color black signal synchronizes all analog and digital video
sources and the DARS synchronizes all audio A/D converters. 

Figure 4 shows the manner in which the horizontal and vertical scanning frequencies as
well as the audio sampling frequency can be derived from the 13.5 MHz luminance
sampling frequency. Figure 5 shows a simplified block-diagram of a digital teleproduction
studio where digital audio and video signals are locked to a common sync source, in this
case a Tektronix SPG-422 generator. Note that a digital audio delay is used to
compensate for the video delay caused by the video  production switcher. 





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. Consequently the process of switching
from one routing switcher source to another will generate clicks. To avoid this effect the
data block number (DBN) sequence needs to be continuously monitored in a downstream
audio D/A converter. In case there is a DBN discontinuity as a result of switching, the
validity bit (V) will be reset to 1. This will  warn the D/A converter of the occurrence of a
switch and cause the audio to be faded to silence during the switching period thus
masking the switching generated audio click. It is to be mentioned here that not all D/A
converters are capable of correctly handling the V bit.




