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ABSTRACT Advanced automotive applications like Active Noise Cancellation (ANC) and Individual
Listening Zones (ILZ) require a high number of transducers (i.e., microphones, accelerometers, and loud-
speakers) usually arranged as arrays. Transducer arrays are widely employed in several applications besides
automotive field, such as teleconferencing systems, industrial and civil monitoring of noise and vibrations.
Automotive Audio Bus (A2B) is an audio transport protocol that solves the latest requirements of automotive
and industrial fields. A2B allows transporting up to 32 channels in a multi-node daisy chain network and
guarantees synchronization and low deterministic latency. This paper aims to develop a clock propagation
model of an A2B network composed by transducer arrays. This model will be useful to evaluate the impact
of the bus on the array performance. Firstly, a theoretical description of the A2B protocol and jitter analysis
is provided. It follows a description of the jitter measures carried out on the clocks distributed along the
A2B network. Lastly, latency introduced by nodes of the network is investigated.

INDEX TERMS Data communication, industrial communication, jitter, latency, microphone array,
transducer array.

I. INTRODUCTION
In the last decades, due to the need of designing smarter and
more efficient vehicles, the number of electronic components
and connections in cars has massively increased. Tradition-
ally, control signals and transducers data were transported
over CAN bus, which combines all these signals in a reduced
number of cables [1], [2].

Recently, we have seen an increasing interest in the inno-
vation of car audio systems thanks to new technologies like
Active Noise Cancellation (ANC) [3]–[5], Individual Lis-
tening Zones (ILZ) [6] and innovative Noise, Vibration and
Harshness (NVH) analysis techniques. These technologies
require a high number of microphones, accelerometers, and
loudspeakers mounted in the car [3], [7]. An analog wiring
of these devices would be too expensive and heavy, whilst
today’s digital transmission protocols are not suited for the
real-time transmission of a high number of audio channels.
Two protocols that are currently used in infotainment sys-
tems are MOST and AVB [8]–[10]. Despite their flexibility
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and performance, management components of these protocol
stacks are expensive. In addition, they do not guarantee phase
alignment in signals and a low deterministic latency, which is
mandatory for ANC [11] and control applications [12].

Automotive Audio Bus (A2B) is a protocol developed by
Analog Devices that solves the previously mentioned prob-
lems. A2B allows connecting multiple nodes (one master and
up to ten slaves) in a daisy-chain configuration. This bus can
transport up to 32 audio channels in each direction over an
Unshielded Twisted Pair (UTP) cable, which allows reducing
costs and weight compared to analog or Ethernet cables.
Moreover, A2B is designed to guarantee a very low and
deterministic latency. Slave nodes in the bus are synchronized
by the master node, which is fed with a low jitter clock. Each
node will then recover the master clock from the packets
transmitted over the bus.

As hinted in [13], A2B can be employed in several fields
besides automotive. For instance, vibration data acquisition
systems and industrial monitoring systems (e.g., vibrational
analysis of beverage filler machines, conveyor belts or indus-
trial robots) employ a high number of transducers, whose
output signals are acquired synchronously and in real-time.
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Micro Electronic Mechanical Systems (MEMS) transduc-
ers are an optimal solution because they feature a digital
output, ensuring a full-digital system. Instead, if analog trans-
ducers are employed (e.g., piezoelectric), Analog-to-Digital
converters can be embedded in A2B nodes. In this way,
any pre-existing transducer network can be acquired by an
A2B system.

One of the most widespread technology employed in
industrial systems is based on ethernet networks [14], [15],
which require expensive devices to manage the protocol [16].
A2B can be used to synchronously collect a high number
of sensor signals, keeping the overall system cost low by
using cheap cables (single UTP instead of ethernet cable) and
dedicated low-cost transceivers. A2B features and low imple-
mentation cost make it suitable for consumer electronics too.
For example, teleconferencing or immersive audio reproduc-
tion systems employ an increasing number of microphones
and loudspeakers arranged in arrays for the implementation
of beamforming. For the best performance, these systems
require a very low and constant latency as well as phase
aligned signals.

Since an A2B network has a daisy-chain topology, the
clock is propagated along the nodes cascade, degrading its
quality in terms of jitter and latency as the number of the
node increases. This may lead to an overall worsening of the
system performance, especially for those applications where
synchronous sampling is required. In this paper, the clock
propagation of an A2B network is investigated with par-
ticular focus on jitter and latency. Section II provides a
brief explanation of the main features of the A2B protocol.
In sections III and IV, jitter modelling and its effects are
discussed. Section V describes the measures carried out and
shows the obtained results. Finally, in section VI the devel-
oped clock propagation model is presented, and section VII
concludes the paper.

II. A2B NETWORK
AnA2B network is a multi-node protocol with a single master
and up to ten slaves connected in a daisy-chain topology.
It allows transporting digital audio and control signals over
distance. The maximum cable length between the master
node and the last slave is 40 m, whilst the maximum distance
between two nodes is 15 m [17].

A2B has a total bandwidth of 50 Mbit/s, which allows
transporting up to 32 downstream and upstream audio chan-
nels with a sample rate of 44.1 kHz or 48 kHz and sample
width of 16 bits, 24 bits, or 32 bits. Downstream is the
communication flow from the master node to the last slave
node, whilst upstream is the communication flow from the
last slave node to the master node. In Fig. 1, an example
of A2B network is shown. As can be seen, audio data is
transferred locally in I2S/TDM format, which is typically
used for inter-IC communication of digital audio, or in PDM
format which is often employed by MEMS microphones.

In addition to audio channels, I2C commands and
GPIO signals can be transmitted to other nodes. This feature

FIGURE 1. Example of an A2B network composed by a master node and
three slave nodes. The host processor connected to the master node
configures the network and streams audio. Each slave can be connected
to ADCs, DACs, DSPs, or PDM microphones (picture from [13]).

can be particularly useful if devices connected to slave nodes
need to be configured at power-on. Usually, this task is carried
out by a microcontroller embedded in the slave node, but
the A2B host processor connected to the master node can
configure all the devices in the slave nodes.

A2B is not a plug and play protocol. The network must be
initialized by the host processor connected to themaster node.
This task is divided in two phases: discovery and initializa-
tion. In the discovery phase the host processor checks for the
presence of the slave nodes, whilst in the initialization it con-
figures slave nodes and their peripherals. Once the network is
configured, the audio stream starts. The communication starts
with the downstream phase from the master node, which
sends to the first slave a packet, called superframe (Fig. 2).

FIGURE 2. Structure of the A2B superframe. The blue half includes the
downstream header (SCF) and payload. The green half includes the
upstream header (SRF) and payload. Each slave node of the network
recovers its sampling frequency from the superframe (picture from [17]).

When a slave receives the superframe, it can use or con-
sume the audio slots and then it passes the packet to the next
node. An audio slot is a sample of an audio channel. The last
slave of the chain, after accessing the audio slots, sends the
superframe back to the previous slave adding its audio slots.
This phase is called upstream, and it ends when the master
receives again the superframe. Downstream and upstream are
performed within one sampling period, namely 20.83 µs at a
sampling frequency of 48 kHz.

The superframe starts with a Synch Control Frame (SCF).
The SCF contains a preamble, which is used by the slave
nodes to synchronize their clocks and it also embeds GPIO
over distance and I2C data. After the SCF, it follows the
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payload, which contains the downstream audio slots. Each
audio slot is up to 32 bits wide and there can be up to 32 audio
slots. After the downstream payload, a new header, called
Synch Response Frame (SRF), and an upstream payload are
transmitted by the last slave to the upstream slaves. As for
the downstream, each node receiving the superframe adds or
consumes audio slots and then it passes the packet to the next
node, until it reaches the master.

It shall be pointed out that all the nodes are sampled
synchronously in the same A2B superframe. To achieve
this result, data received on the I2S/TDM port of an A2B
transceiver are transmitted over the A2B bus in the next
superframe, whilst data received from the A2B bus are trans-
mitted to the I2S/TDM port in the next superframe. Thus,
data exchanged between two nodes have a latency of two
superframes. Moreover, the internal delays introduced by the
A2B transceivers and the delay due to the cable length must
be considered to calculate the correct value of the latency.
However, these last components of delay can be compensated
by setting in each A2B transceiver an offset value of the
frame clock. This allows a perfect phase alignment of the
signals, with a resolution of about 20 ns, that is a period of
the bus clock. The phase alignment is achieved by means
of the synchronization of all the nodes. The host generates
I2S/TDM signals, which are fed to that master. The latter
transmits the superframes in the A2B network at the frame
clock signal rate. As previously said, the SCF contains a
preamble used by the slaves’ PLL to recover the clock signal.
Since all the slave nodes recover the clock from the super-
frame transmission rate, it is of main importance for the frame
clock fed to the master node to be a low jitter clock.

III. JITTER MODELING AND DECOMPOSITION
Total jitter (TJ), which is defined as the deviation of transition
edges from their ideal position to the actual one in time
domain, can be mainly decomposed into unbounded random
jitter (RJ) and bounded deterministic jitter (DJ), depend-
ing on the underlying sources producing them [18]–[21].
RJ typically follows an unbounded Gaussian distribution,
and it is quantified using the standard deviation of this dis-
tribution. However, jitter distribution is not often Gaussian,
due to the contribution of the DJ, which can be expressed
in terms of subcomponents of various origin, namely the
periodic jitter (PJ), the bounded uncorrelated jitter (BUJ)
and the data-dependent jitter (DDJ). PJ is usually related to
ground bounce and power supply switching noise that couples
to data or clock signal lines [22]. BUJ is due to crosstalk
between aggressor and victim channels and DDJ is caused
by asymmetry in rise time and fall time, or by bandwidth
limitation of the channel [23].

The amount of total jitter, with its distribution and spec-
trum, can be directly measured in the time domain. However,
simply specifying jitter through peak-to-peak or RMS val-
ues, which is always possible, can be inadequate, because
of the different impact of RJ and DJ on a link per-
formance. Several approaches have been proposed for jitter

decomposition in the last decades, based on tail-fitting algo-
rithms or FFT analysis.

A. JITTER DECOMPOSITION BASED ON CDF
Since RJ and DJ are independent, the probability density
function of TJ is the convolution of the RJ and DJ pdf. The
effect of the RJ is to smear with its tail the tailless determinis-
tic jitter distribution that, in the Dual-Dirac model, is usually
approximated by two delta functions in x = ±µ [19]. Starting
from a Gaussian distributed RJ with mean µ and standard
deviation σ , the cumulative function of the RJ is given by

CDF (x) =
1
2

(
1+ erf

(
x − µ

σ
√
2

))
(1)

where erf is the error function. From the experimental
Cumulated Histogram of the total jitter, CH(x), we define the
Q scale as

Q =
√
2erf −1 (2CH (x)− 1) (2)

where erf −1 is the inverse error function.
In the Q scale, a pure Gaussian distribution is a straight

line with slope σ−1 and intercept µ (µL and µR for the
left and the right tail of the general TJ distribution, respec-
tively). Therefore, σ is estimated by means of a least
squares linear fitting of Q for very large values of x.
The quantity µR − µL accounts for the effect of the
DJ components and is often referred to as Dual-Dirac DJ
(DJ δδ). However, even if the DJ follows a distribution formed
by two Dirac-delta functions, the Q scale generally underes-
timates the peak-to-peak DJ and overestimates the RJ [19].
To better account for the contribution of the DJ pdf, a normal-
izedQ scale is described in [24]. Recently, [25] demonstrated
that the jitter distribution tails approach a Gaussian pdf mul-
tiplied by a term that is inversely proportional to the TJ and
proposed an enhanced method of decomposition.

B. JITTER DECOMPOSITION IN TIME AND FREQUENCY
DOMAINS
Real-time oscilloscopes can display single shot jitter trend
and perform FFT analysis to determine frequency content.
The jitter spectrum can be obtained by applying averaging
techniques and the narrow-band peaks in the spectrum can be
interpreted as PJ or DDJ. Conversely, the noise floor in the
average spectrum points out the power of RJ.

IV. CLOCK JITTER EFFECTS
Clock jitter results in an equivalent additive noise in data con-
verters. For a sinusoidal input signal x (t) = A sin (2π fit) and
a sampling clock affected by the timing jitter tj, the equivalent
noise induced by jitter is approximatively given by xnj (t) =
A2π fitj cos (2π fit). Assuming, for the sake of simplicity, only
RJ with standard deviation σj, the noise power related to the
jitter is

Nj =
(
A2
/
2
) (

2π fiσj
)2 (3)
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This contribution must be compared with the quantization
noise power, that is of the order of q2

/
12, where q represents

the least significant bit of the converter. It is apparent thatNj is
of some interest mainly for high-frequency or high-resolution
Analog-to-Digital converters, stimulated by high-level sig-
nals. For instance, for a 14-bit ADC operating at 100 MHz,
the jitter should be below 100 fs to worsen the SNR less
than 3 dB. A timing jitter σj = 200 ps at fi = 10 kHz reduces
the effective resolution to 16 bits [26].

Similar considerations can be made for Digital-to-Analog
Converters (DAC) followed by analog low-pass filters, when
only the in-band noise power due to jitter is considered [19].

V. EXPERIMENTAL RESULTS
Investigations on jitter and latency of an A2B network are
justified by its clock recovery mechanism and its daisy chain
architecture. In addition, no in-depth public documentation is
provided on this topic.

With the aim of measuring the impact of jitter on the clock
recover performance and the latency introduced by the nodes,
an A2B network composed by a master and ten slaves was
built (Fig. 3).

FIGURE 3. Architecture of the A2B network used during the tests.

The A2B master employed is an Analog Devices eval-
uation board (EVAL-AD2428WD1BZ). In addition to
the A2B chip, it is also equipped with a SigmaDSP
(the audio host) and anUSB interface. The internal PLL of the
SigmaDSP generates the clock for the entire network, whilst
the USB interface allows the A2B network to be configured
using a PC. All of the slave nodes are equal in hardware, and
they are equipped with two MEMS microphones. Although
A2B is designed for automotive and industrial applications,
for the sake of simplicity measures were carried out in a
laboratory environment.

The entire network can be configured using the graphic
development software SigmaStudio (Fig. 4). The three blocks
on the left are the target processor (the device that config-
ures the network), the audio host (the device that feeds the
clock to the network and manages I/O audio) and the A2B
master node (in dark grey). The remaining blocks are the
slave nodes (in light grey) and their peripherals (in light
blue), namely the devices that can input or output audio.
Measures and data acquisitions were carried out using a Tele-
dyne LeCroyHDO6000 high-definition oscilloscope (12 bits)
featuring 350 MHz bandwidth and 2.5 GSa/s of sampling
rate. Since the vertical scale and the time range of the
HDO6000 were set, respectively, to 500 mV/div and to 10 ms

FIGURE 4. SigmaStudio project of the A2B network used during the tests.

or less, the jitter measurement floor of the instrument was
estimated to be smaller than 5 ps.

A. FRAME CLOCK JITTER MEASUREMENTS
There are several ways tomeasure jitter. Themost meaningful
for a clock recovery system are cycle-to-cycle jitter and Time
Interval Error (TIE).

The cycle-to-cycle jitter measures how much the clock
period changes between any two adjacent cycles and it shows
the instantaneous dynamics that a clock-recovery PLL might
be subjected to [27].

Thus, to evaluate the short-term effect of the jitter on the
48 kHz sampling frequency (Fig. 2), the cycle-to-cycle jitter
was measured for each node of the network, starting from the
master to the last slave.

The values of cycle-to-cycle jitter were measured by the
oscilloscope and plotted in a histogram. Fig. 5 shows cycle-
to-cycle jitter measures for every A2B node and for two
different cable lengths between the master and the first slave.

FIGURE 5. Cycle-to-cycle jitter of the sampling frequency, for different
nodes and for different cable lengths between the master and the first
slave.

Thus, the slave nodes were close one to each other
(few centimetres), whilst it was varied the distance between
the master node and the first slave. This configuration emu-
lates applications that relies on microphone or speaker arrays.

As it can be seen, the cycle-to-cycle jitter is lower for
the master node because it is equipped with an on-board
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crystal oscillator, whilst slave nodes recover the clock using
a local PLL (phase-locked loop) locked on the superframe
transmission frequency.

As expected, the cycle-to-cycle jitter shows negligible
dependence on both the length of the cable and the number
of slave nodes.

For a more detailed jitter characterization, ‘‘long-term
effects’’ were investigated. The TIE shows the cumulative
effect that even a small amount of period jitter can have over
time, by measuring how far each active edge of the clock
varies from its ideal position [27].

Firstly, 1 MSamples of TIE were acquired for ensuring a
statistical uncertainty well below the 1% [19]. The oscillo-
scope LeCroy HDO6000 has the capability to directly mea-
sure the TIE. An acquisition example is shown in Fig. 6.

FIGURE 6. Oscilloscope acquisition of sampling clock (upper trace) and
TIE histogram (lower trace). The histogram has 1 MSamples of TIE.

The upper trace is the sampling frequency of an A2B slave
node, whilst the lower trace is the TIE histogram elabo-
rated by the oscilloscope. With this setup, 1 MSamples of
TIE were acquired for the first, fifth and tenth slave node.
A post-processing analysis of the acquired data was carried
out to decompose RJ and DJ.

The TIE histograms of all the slave nodes can be well
fitted with a Gaussian function (Fig. 7), obtaining an adjusted
R-squared always better than 0.9999, that points out the
preponderance of RJ.

Since the CDFs in Q-scale (Fig. 8) showed the same slope
for the left and right tails, the normalized Q-scale transform
was not used.

Table 1 shows the extracted values of RJ and DJ compo-
nents for some slaves. Since the tail fitting method assumes
that the right (left) peak of the dual-Dirac DJ distribution does
not contribute to the left tail (right, respectively), an accurate
decomposition of the two contributions is possible only when
the two Dirac pulses are sufficiently separated. The extracted
DJ contribution, however, was of one order of magnitude
smaller than RJ component and therefore the accuracy of the
method is questionable.

Therefore, jitter spectra obtained by averaging 32 TIE
spectra highlights a narrow-band peaks ranging from 170 ps
to 140 ps at 12 kHz and confirms the reported TJ in the band

FIGURE 7. The TIE histogram of the 10th slave, with the fitting Gaussian
function.

FIGURE 8. The CDF in Q scale for TIE of the 10th slave, with the fitting
straight lines, from left and from sides.

TABLE 1. RJ and DJ from CDF in Q-scale.

above 100 Hz. The jitter component at 12 kHz was previously
reported also in [28].

Afterword, TIE measures were carried out for all the
slave nodes with the same setup used for the previous
measurement.

Fig. 9 shows the TIE for different nodes and for different
cable lengths between the master and the first slave.

As for the cycle-to-cycle jitter, the TIE of the master node
clock is lower than in slave nodes, and the effects of the cable
length are negligible.

The cycle-to-cycle jitter does not depend on the node num-
ber, whilst the TIE increases as the number of the slave node
increases. The reason is that each node recovers the clock
from the superframe received on one port and it retransmits
it to the other port, causing the jitter to accumulate along
the bus.
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FIGURE 9. TIE of the sampling frequency, for different nodes and for
different cable lengths between the master and the first slave.

B. BIT CLOCK JITTER MEASUREMENTS
Some transducers (i.e., PDM microphones) require bit clock
instead of frame clock because they oversample the audio
signal. For this reason, this subsection analyses TIE values
and TIE spectrum of the bit clock in a few nodes of the
A2B network.

To this aim, 5 MSamples TIE histograms of the bit clock
were acquired at the 1st, 5th and 9th slave nodes. Once again,
the histograms were fitted with a Gaussian function, obtain-
ing an adjusted R-squared always better than 0.9999, which
points out the preponderance of RJ. The CFD in Q-scale
was again used for a first attempt to decompose RJ and DJ
and the obtained estimates were similar to those reported
for the frame clock. These estimates were compared with
those provided by the TIE spectra that were evaluated by
averaging 34 spectra obtained by acquiring the TIE for 10ms,
i.e., approximatively, 30720 × 34 samples. There are several
narrowband peaks at the frequencies equal to (k × 48) ±
12 kHz, as shown in Fig. 10. The bit clock spectra corre-
sponds with the frame clock spectra in the frequency range
from 100 Hz to 24 kHz. The peak levels, due to DJ, slightly
decrease by moving from the first to the last slave, probably
for a beneficial dithering effect of the increasing RJ. The
results are summarized in Table 2.

In addition, the A2B transceiver features a two depth levels
spread spectrum for reducing the radiated power per unit
bandwidth [29]. This feature affects the bit clock but not
the frame clock. Thus, the effect of the two depth modes
(low and high) on the bit clock jitter were investigated for
the 1st, 5th, and 9th slave node.
When the low depth spread spectrum is enabled, the

TIE jitter on the bit clock increases and the histogram
in Fig. 11 is clearly the result of the convolution
of RJ and DJ. Fig. 11 reports the histograms for different
slaves (1st, 5th, and 9th). It shows that for the slaves closer
to the master, the components due to spread spectrum modu-
lation are more noticeable.

In the previously discussed conditions, the normalized
CDF in Q-scale was conveniently used to decompose RJ and

FIGURE 10. Bit clock jitter spectral density of the 1st slave.

TABLE 2. RJ and DJ of bit clock.

FIGURE 11. TIE histograms of 1st, 5th, and 9th A2B slave node. Spread
spectrum in low depth mode was enabled.

DJ contribution. Fig. 12 reports the data obtained for the same
case of the 1st slave.
The jitter spectral density of the 1st slave changes as

shown in Fig. 13, with an apparent increase of the nar-
rowband components above 144 kHz, and particularly
at 336 kHz (7.3 ns).

Fig. 14 compares two oscilloscope acquisitions of the his-
tograms of the bit clock TIE jitter, one with high depth and
the other with low depth spread spectrum for the 5th slave
node. As it can be seen, the behaviour is similar for low and
high depth modes, but in high depth mode the DJ is greater
with respect to the low mode. In addition, the TIE standard
deviation, as expected, is increased with high depth spread
spectrum.
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FIGURE 12. The CDF in Q scale for TIE of the 1st slave, with the fitting
straight lines, from left and from sides.

FIGURE 13. Bit clock jitter spectral density of the 1st slave, with high
depth spread spectrum enabled.

FIGURE 14. TIE histograms of the 5th slave node (spread spectrum low
depth mode, top trace; spread spectrum high depth mode, bottom trace).
Scale of the x-axis: 5 ns/div.

Finally, in Table 3, the results of deconvolution of RJ and
DJ contribution for both cases of spread spectrum in low
depth and high depth mode are summarized.

C. LATENCY MEASUREMENTS
For any analog/digital interface system and especially for
microphone or speaker arrays, the sampling clock delay
between each device is crucial. Thus, the delay propagations
of the clock in the entire A2B network were investigated.

TABLE 3. RJ and DJ obtained from normalized CDF in Q-scale.

In Fig. 15, the audio frame clock edges are shown for
the master node (top trace) and for different slave nodes
(1st, 5th, and 10th top to bottom). The jitter effects are clearly
visible thanks to the digital persistence of the oscilloscope,
but they are negligible with respect to the delay.

FIGURE 15. Clock edges of the master and slave nodes (master node, 1st,
5th and 10th top to bottom).

In Fig. 16, it is shown the delay introduced by each slave
node measured with respect to the first slave node for two
different cable lengths between the nodes. As it can be seen,
the experimental points fit a straight line. This means that
each node adds a constant delay. Slightly different delay
values are obtained for the two cable lengths, pointing out
that the propagation delay in the cables is not negligible.

FIGURE 16. Delay introduced by each slave node, measured with respect
to the first slave node for two different cable lengths between the nodes.

To prove that the delay introduced by each node is deter-
ministic and constant, further measures were performed. The
skew between two clock edges of two consecutive slave nodes
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was measured to obtain a histogram (Fig. 17). The skew was
measured between two positive edges of the frame clock,
at 50 % of signal level. 150 kSamples were acquired to obtain
the histogram.

FIGURE 17. Skew measure. Positive edges of the frame clock of the
8th slave (top grid, yellow trace) and of the 9th slave
(top grid, red trace). Skew histogram (bottom grid).

The results of these measures are shown in Fig. 18. This
figure shows the mean value of the delay introduced by each
node with its respective standard deviation. As it can be seen,
the propagation delay is nearly constant and the mean value
over all the slaves is 154.14 ns. This value is compliant to the
datasheet of the A2B transceiver [30].

FIGURE 18. Delay introduced by each slave node. The value of each bar is
the mean value of the histogram. The standard deviation is shown over
each bar.

Each A2B slave can compensate for its propagation delay
thanks to a feature of the protocol. In fact, an A2B slave chip
can adjust the start of the audio frame with a resolution of
about 20.35 ns, corresponding to the period of the bus clock
(1/49.152 MHz at a sampling frequency of 48 kHz), by writ-
ing the appropriate value into a register of the transceiver. The
result of this operation can be seen in Fig. 19, where the
propagation delay between the 1st and the 9th slave has been
compensated.

Finally, further measures were carried out to evaluate
the propagation delay introduced by the cables. The delay

FIGURE 19. Oscilloscope capture of the skew measured between the 1st
and 9th slaves (top grid), after propagation delay compensation. Related
histogram (bottom grid).

between clock edges of the first and second slave nodes for
different cable lengths is plotted in Fig. 20. Experimental
points fit a straight line with equation y=mx+q, where q it the
delay of a single node and m is the inverse of the propagation
speed of the cable (2.7·108 m/s).

FIGURE 20. Delay between clock edges of the first and the second slave
node for different cable lengths.

VI. CLOCK PROPAGATION MODEL
At the conclusion of the previous clock measurements, a fully
comprehensive model can be summarized. Assuming the
master node clock as a reference, the first slave shows a
random TIE distribution, fully described using the standard
deviation. The other nodes show the same random distribu-
tion, but with a slight increase of the standard deviation value
(see Fig. 9).

Since only slave nodes input or output signals, the zero-
time reference is taken on the first slave. Each of the following
slaves introduce a deterministic mean delay of 154.14 ns
(see Fig. 18). As previously discussed, this delay can be
compensated with a resolution of about 20 ns.

As an application example, the proposed model is useful
specifically for designing transducer arrays, such as micro-
phone arrays. Numerical methods are widely employed for
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predicting the spatial performance of such systems in terms
of directivity as a function of frequency, which consists
in computing the polar patterns of the virtual microphones
obtained through beamforming. By introducing the proposed
clock model in the numerical simulations post-processing,
the effects of the delay and jitter are considered. It will
result in a deviation of the polar patterns with respect to the
theoretical ones, that is, a reduction of directivity.

VII. CONCLUSION
In this paper, after a brief description of the A2B protocol
and jitter modelling and decomposition, a full set of measures
carried out on an A2B network prototype are presented. The
network was composed by a master node and ten slaves, with
input/output capability.

Firstly, jitter and latency measures were carried out, then, a
critical analysis of the obtained results led to the development
of a clock propagation model.

As result from the measures, the jitter presents a pre-
dominant random component (RJ), whilst the deterministic
component (DJ) can be neglected. RJ follows an unbounded
Gaussian distribution, and it is quantified using the standard
deviation of this distribution.

The latency, conversely, is deterministic and can be com-
pensated with a resolution of about 20 ns, using an A2B
protocol feature. The measures show that the mean of this
latency is 154.14 ns for each slave node.

In addition, A2B offers the possibility of reducing electro-
magnetic emissions per unit bandwidth by enabling spread
spectrum on high frequency clock signals. This feature affects
the jitter behaviour, by slightly increasing the RJ component
and introducing a no longer negligible DJ component.

The proposed clock propagation model can be used to
evaluate more accurately the beamforming performance of
transducer arrays in numerical simulations, which are typi-
cally purely geometrical. It allows considering the effects of
delay and jitter, which may cause a reduction of the directiv-
ity. Authors are currently studying beamforming with A2B
microphone arrays, and a future work will present the effects
introduced by the clock propagation investigated in this paper.
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