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Abstract—The transmission of high-quality, low-latency audio
over IP (AoIP) networks demands precise synchronization of
distributed devices, particularly through alignment of local media
clocks to a global reference via IEEE 1588 Precision Time
Protocol (PTP). A media clock is a high-precision timing signal
used to control the sampling, playback, or recording of digital
media—typically audio or video—at a consistent and accurate
rate. It ensures that all devices in a network play out or capture
audio samples in perfect temporal alignment.

The generation of media clocks for AoIP systems remains
an open challenge, as no widely adopted standard or open-
source reference design currently exists. Existing solutions are
typically implemented on FPGAs, often relying on proprietary
architectures with limited transparency and accessibility. The
only established guideline is the AES11 standard, which spec-
ifies stringent requirements for such clocks—limiting jitter to
+5% of the sample period—and has been adopted in AES67
and RAVENNA. This lack of standardized or openly available
implementations, however, leaves the practical derivation of a
stable, PTP-synchronized media clock largely unclear.

To address this gap, this paper presents a hardware—software
co-design methodology for deriving an AES11-compliant media
clock from IEEE 1588 PTP. The proposed approach combines
the Common Platform Time Sync (CPTS) module of Texas In-
struments’ AM62x System-on-Chip (SoC) with the LMK05318B
jitter-cleaning clock generator. By leveraging a pulse-per-second
(PPS) signal phase-locked to a PTP grandmaster, the system
achieves sub-100 ns alignment accuracy and 35 ps RMS jitter,
surpassing AES11 requirements.

The implementation demonstrates how cost-efficient embedded
platforms without native media clocking capabilities can be
adapted for professional AoIP systems such as AES67, while
maintaining interoperability and scalability. Although validated
on the AM62x and LMKO05318B, the methodology is transferable
to other embedded platforms featuring PTP-based timestamping
and any clock synchronizer supporting IEEE 1588.

Index Terms—Media Clock, AolP, AES11, clock synchronisa-
tion, IEEE-1588 PTP, wall clock.

I. INTRODUCTION

The shift from legacy digital audio interfaces (e.g., AES3) to
AoIP has transformed broadcasting, live sound, and telecom-
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munications by enabling scalable, network-based audio dis-
tribution. Protocols like AES67 [1] and RAVENNA [2] stan-
dardize AolIP implementations, but their performance hinges
on precise synchronization—a challenge exacerbated by the
separation of audio payloads from timing references in IP net-
works. Unlike traditional interfaces like AES3, where clocks
are embedded in the data stream [3], AolP relies on external
synchronization mechanisms, typically IEEE 1588 PTP [4],
to align media clocks across devices with sub-microsecond
accuracy. In AolP systems, media clocks are not generated
autonomously by the protocol stack; rather, they are externally
supplied by the subnodes. If a node receives a media clock
that fails to meet AES11 or other relevant timing specifica-
tions—particularly with respect to accuracy and jitter—it is
considered non-compliant and may be excluded from partici-
pation in the audio network [5].

The AES11 [6] standard defines stringent requirements for
such clocks, limiting jitter to +5% of the sample period (at
48 kHz: £1ps).

AoIP protocols such as RAVENNA call for j:% sample
period [7] for sample-accurate stream alignment (at 48 kHz:
+10us).

Meeting these constraints in embedded systems often neces-
sitates specialized clock generators, as general-purpose SoCs
like the AM62x [8] lack dedicated hardware for media clock
synthesis. While the AM62x integrates PTP-capable Ethernet
and timestamping peripherals (CPTS), its inability to directly
generate audio-grade clocks poses a barrier to AolP adoption
in resource-constrained applications.

This work addresses this limitation by integrating the
AMG62x with the LMKO05318B [9], a jitter-cleaning clock
synchronizer, to generate an AES11-compliant 49.152 MHz
media clock. The approach is highly flexible, as any desired
media clock frequency can be obtained through the con-
figuration of external audio PLLs or clock synthesizers. In
this implementation, the generated clock drives a 64-channel
MEMS microphone array [10] via the SoC’s Multichannel
Audio Serial Port (McASP) interface. Each channel operates



with 32-bit resolution at a 48 kHz sampling rate, resulting in
the following overall clock frequency requirement:

64 x 32 x 48 kHz = 49.152 MHz (1)

The key contributions of this work include:

« A PPS-based synchronisation pipeline: Generation a
Pulse Per Second (PPS, 1 Hz) reference signal, custom
modifications to the CPTS driver enable the derivation of
a 1 kHz reference rather than 1 Hz from the AM62x’s
synchronised Physical Hardware Clock (PHC). This sig-
nificantly reduces the lock time of the LMKO05318B jitter
cleaner from approximately 30 minutes (when using a 1
Hz input) to under one second, enabling fast and reliable
media clock acquisition.

« Phase-coherent clock multiplication: The LMKO05318B
upconverts the 1 kHz reference to 49.152 MHz with 4
ns phase offset, achieving cumulative phase offset of 74
ns—well within AoIP end-to-end latency limits of i:%
sample period.

« Jitter performance validation: Measurements confirm
35 ps RMS jitter at 49.152 MHz, compliant with AES67
and suitable for professional audio applications.

II. STATE FO THE ART

Despite the central importance of media clock generation
in AolP systems, there is a striking lack of openly available
research or technical reports detailing how manufacturers and
implementers realize this process in practice. Existing stan-
dards (AES67, RAVENNA, MILAN, etc.) deliberately refrain
from prescribing implementation methods, and most of the
available documentation is limited to datasheets or application
notes provided by clock synthesizer vendors. To the best of our
knowledge, no open-source reference designs or peer-reviewed
publications systematically explain how AES11-compliant me-
dia clocks can be derived from PTP-synchronized references
in embedded platforms. Commercial AolP solutions, such as
modules from ROSS, Dante, or XMOS, typically rely on
external audio PLLs like the Cirrus Logic CS2300 or similar
devices to generate the required media clock. However, these
implementations do not disclose how the generated clock is
synchronized to PTP, since their FPGA-based designs are pro-
prietary and tied to vendor-specific development environments.

This gap underlines the relevance of the present work,
as it provides a open-source , reproducible and validated
methodology for achieving deterministic, low-jitter media
clock generation in resource-constrained systems.

The synchronization of distributed audio devices in AolIP
systems is predominantly achieved through the IEEE 1588
PTP, which establishes a common time reference across all
networked nodes. All major AoIP protocols, including AES67,
RAVENNA, and MILAN, share the same conceptual model:
first, each device synchronizes its local system clock to the

global PTP wall clock; second, a media clock must be derived
from this synchronized reference, as shown in figure 1

GPS
~,

l— N
Master Clock @

PTP

Slave Clocks

(nodes) @ @

Media Clocks Lﬂﬂﬂﬂﬂﬂmﬂ”ﬁ LMﬂﬂﬂﬂﬂﬂﬂp

Nk G 5 o

Fig. 1. Media clock generation scheme [1]

Crucially, none of these standards define, recommend, or
even mention how the media clock should actually be gener-
ated. This task is entirely left to implementers.

As a result, several implementation approaches have
emerged in practice. A common denominator among all of
them is the use of external clock synthesizers or jitter-
cleaning generators. General-purpose SoCs and FPGAs are
unable to directly produce audio-grade media clocks in the
required MHz range with sufficiently low jitter. Consequently,
external devices—such as the Cirrus Logic CS2600 family or
Texas Instruments’ LMK series—are widely employed, both
to multiply a low-frequency reference signal to the target audio
frequency and to suppress jitter in order to meet AES11 timing
specifications.

Two principal implementation strategies can be distin-
guished:

1) Reference-fed architecture: A low-frequency reference

(e.g., PPS or a kHz-range signal) is provided by the SoC
or FPGA to the external clock generator—an approach
also applied in this work. This low-frequency must be
generated from the timestamp generator of the used SoC
or FPGA since the media clock and the network clock
(PTP) shall share the IEEE 1588 epoch of 1 January
1970 00:00:00 TAI as defined in IEEE 1588-2008 clause
7.2.2[11].
The clock generator then multiplies this reference up to
the required audio frequency (e.g., 24.576 MHz or 49.152
MHz) while simultaneously performing jitter cleaning
and maintain a deterministic and minimum phase offset,
as illustrated in figure 2

2) Interface-controlled architecture [12]: In this case, the
external clock generator operates without an injected
reference signal, functioning effectively as a Digitally
Controlled Oscillator (DCO). Instead, it is programmed
via serial interfaces such as I?C or SPI from the SoC or
FPGA. The target output frequency and phase offset are
continuously computed through the timestampe feature of
the SoC or FPGA and updated through register configu-
rations. To timestamp the output frequency, a small ref-
erence signal (e.g., 1 Hz) must be derived from the same
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Fig. 2. Reference-fed architecture approche

audio PLL and phase-locked to the target frequency (not
all audio PLLs support this). This is necessary because
timestamping high frequencies can be impractical, often
leading to buffer overflows and data loss. For example,
the AMO62x hardware timestamping inputs (Hardware
Time Stamp Push Event) are not designed to capture
high frequencies [8, p. 1324]. Figure 3 illustrates this
approche. While this method offers greater flexibility, it
is more complex: it requires ongoing calibration, offset
compensation, and phase adjustment to maintain compli-
ance with AES11 and AoIP timing requirements.

SoC or FPGA ﬁ
Timestamping 12C or Spl
'™ audio pLL
udio
& Target freq -

Fig. 3. Interface-controlled architecture approche

III. THE SoC AM62X

The AMO62x Sitara™ from Texas Instruments (TI) is a
Linux®-capable SoC specifically designed for industrial and
embedded applications. It is based on the Keystone 3 (K3)
multicore architecture platform and offers a wide range of
interfaces for real-time and multimedia applications. It comes
in a 13 x 13 mm package (ALW) and meets the AEC-Q100
automotive standard in a 17.2 x 17.2 mm package (AMC).

The AM62x SoC is divided into several device domains
to efficiently handle different computing, communication, and
control tasks. These domains share various hardware resources
and are interconnected via the CBASS module.

1) MAIN Domain: The MAIN domain includes the 1.4GHz
Arm® Quad-core Cortex®-AS53, which serve as the
main processors for operating systems such as Linux or
RTOS. It also contains the two instances of PRUSS (Pro-
grammable Real-Time Unit Subsystem) with 353MHz.

2) MCU Domain: The MCU domain hosts the 400MHz
Arm® Cortex®-M4F core, used for general-purpose tasks
or safety-critical functions.

3) WKUP Domain: The WKUP (Wake-Up) domain con-
tains the RSF processor (R5FSS). This domain remains
active during low-power or sleep modes.

IV. THE COMMON PLATFORM TIME SYNC (CPTS)

The CPTS module is used to facilitate host control of
time sync operations [8, p. 1316]. It enables compliance
with the IEEE 1588-2008 (PTPv2) standard for a precision
clock synchronisation protocol and includes, among others,
the following features:

o 4 hardware timestamp inputs (CPTS_HWn_TS_PUSH, n
= 0-3), capable of capturing external timestamp events
with 64-bit resolution.

« 2 timestamp generator outputs (CPTS_GENFn, n = 1-2),
capable of generating signals such as PPS

V. AUDIO OVER IP (AOIP)

Audio over IP (AoIP) refers to the transmission of digital
audio streams over IP-based networks and has become a
standard technology in professional audio production, broad-
casting, and telecommunications. By encapsulating multiple
audio samples within individual IP packets, AoIP enables
efficient and scalable transmission over local LAN-networks
using standard Ethernet infrastructure.

A key advantage of AolP is the ability to transport multi-
channel audio and control data over a single network cable,
reducing cabling complexity and enabling flexible system ar-
chitectures. Unlike legacy Audio-over-Ethernet systems based
on Layer 2 protocols, AoIP operates at Layer 3 (IP), allowing
for routing across complex network topologies and seamless
integration into existing IT environments.

Core Components of Modern AolIP Systems:

o IP-based Layered Communication: AoIP systems
leverage standardized IP networking protocols, such as
UDP and RTP, for the transmission of audio data. The
layered architecture—based on the OSI model—enables
modular development, ensures interoperability across di-
verse network infrastructures, and facilitates integration
into existing IT environments.

« Real-Time Transport via RTP: The Real-time Transport
Protocol (RTP) is widely used for delivering audio in
AoIP systems. It includes timestamps and sequence num-
bers to support low-latency, synchronized playback. RTP



is typically encapsulated over UDP and IP within Ethernet
frames, with a maximum frame size of 1518 bytes (1522
with VLAN tagging). Each layer adds protocol-specific
headers, with RTP carrying the actual audio payload.
Precise Synchronization with IEEE 1588 (PTP): Syn-
chronization is critical for maintaining phase coherence
and minimizing latency in distributed audio systems.
The Precision Time Protocol (PTP), as defined by IEEE
1588, enables sub-microsecond clock synchronization by
establishing a Grandmaster-Slave hierarchy. Hardware
timestamping ensures precise alignment between the local
media clocks and the global reference time. This is
essential for applications such as multichannel recording,
live audio routing, and broadcast audio playout.

VI. EXPERMINTAL SETUP

+ Windows PC
Employed for configuring the LMKO05318B clock gen-
erator via TI’s TICS Pro (Texas Instruments Clocks and
Synthesizers) software. TICS Pro allows programming of
the registers and on-chip EEPROM of the LMKO05318B.
TICS Pro is available only for Windows OS.

« PTP Grandmaster-Capable Ethernet Switch
Facilitated Precision Time Protocol (PTP) synchroniza-
tion testing.

+« LMKO05318BEVM Evaluation Module
For the evaluation of the LMKO05318B, the develop-
ment board LMKO05318BEVM—which integrates the
LMKO05318B—was acquired. The LMKO05318B is a net-
work synchronization clock generator that offers jitter
correction, clock generation, advanced clock monitoring,
and glitch-free switching behavior to meet the strict tim-
ing requirements of IEEE 1588 PTP. The EVM features
SMA connectors (Sub-Miniature Version A) for clock
inputs, additional oscillator inputs, and clock outputs with

Figure 4 illustrates the hardware and software components
beeing used for the development, testing, and evaluation of the
AMG625 SoC to generate the media clock (49.152 MHz):

50 €2 impedance. Configuration of the board is performed
via I2C or SPI using the on-board integrated microcon-
troller.
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Fig. 4. Experimental setup for generating the 49.152 MHz

VAR-SOM-AMG62 System-on-Module (SoM) [13] and
Symphony V1.6 Evaluation Board [14]

The Symphony evaluation board, equipped with the VAR-
SOM-AMG62 module, served as the primary development
platform for AM625.

Ubuntu 22.04 PC (Host System)

Used for building a Debian image with a PREEMPT_RT
kernel for the AM62x (crucial for AolIP tasks)

« Oscilloscope or frequenz counter
Used for signal and jitter analysis

VII. GENERATING THE MEDIA CLOCK

As mentioned before, the proposed methodology is trans-
ferable to other embedded platforms that provide PTP-based
clock synchronization and timestamping functionality (e.g.,
CPTS or comparable modules). Likewise, any clock synchro-
nizer supporting IEEE 1588 PTP can adopt this architecture
to generate AES11-compliant media clocks suitable for pro-
fessional AolP applications.

TI’'s AM62x is not designed to generate a media clock,
but it does feature two 1-Gigabit Ethernet interfaces with
TSN (Time-Sensitive Networking) functionality. The follow-
ing steps were taken sequentially to generate the media clock:

1) Generating a PPS signal: PPS is a precise timing signal
that generates a short pulse exactly once per second
(1 Hz), with extremely fast rise times (typically less
than 5 ns, often around 2 ns). It is commonly used as
a reference signal for the synchronization of clocks in
PTP environments across various systems, particularly in
networks.

PPS is typically output by devices such as PTP Grand-
masters via a dedicated connector as a separate signal.
This allows the PPS signal generated by a slave device to
be compared with the master’s PPS signal using an oscil-
loscope, enabling precise verification of synchronization
accuracy.

The generation of the PPS signal on the AM62x platform
is achieved exclusively through connecting one timestamp
generator (CPTS_GENFn) with one hardware timestamp



input (HWn_TS_PUSH) via the Time Sync Router (TSR)
[15], because CPTS doesn’t have directly HW support for
PPS signal generation or any signal that is synchronised
to PTP, as illustrated in figure 5
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Fig. 5. CPTS and TSR integration in AM62x

The reason this modulation is necessary is that the
GENFs, by default, derive their reference frequency from
the CPTS reference clock, which in turn is driven by an
internal PLL of the AM62x. This PLL is not synchronized
to any external time source, as illustrated in the figures
6 and 7.
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Fig. 7. CPTS_GENFn Output Signal Diagram [8, p. 1322]

Therefore, GENF must always be adjusted to output a
signal that is synchronous with PTP. This is achieved
by consistently capturing the GENF timestamps for each
rising edge through the HWn_TS_PUSH inputs and then

applying the necessary corrections.

The TSR is designed to send one sync signal to multiple
recipients. This sync signal allows multiple peripherals or
cores within the processor to synchronise their counters
to a single “master clock” [8, p. 833].

TSR signals can also be routed to processor pins
(SYNCn_OUT, n = 0 - 3) if the synchronization signal
needs to be received by an external device. Several
module pins, including those of the CPTS, are directly
connected to the TSR.

It should be noted that the two outputs GENF1 and
GENEF2 of the CPTS module are internally and perma-
nently linked to the TSR. In addition, the TSR provides
multiple outputs, including four CPTS_HW_PUSH lines,
which can be internally routed to the CPTS module but
must first be enabled. Once this internal connection is
successfully established, the PPS signal must also be
made available externally, so it can be analysed on an
oscilloscope and eventually serve as a media clock source.
To achieve this, the signal from GENFn must additionally
be routed through the TSR to a SYNCn_OUT pin.

To enable this connection, the timesync_router
node in the Device Tree (DT) file of the evaluation
board (k3-am625-var—-somsymphony.dts) has to
be added and extended, as shown below:

1 #define K3_TS_OFFSET (pa, val) (0x4+ (pa) «4)
(0x10000 val)

2> &timesync_router {

4

5 cpsw_cpts: cpsw-cpts {

6 pinctrl-single,pins = <

7 /* pps [cpsw cpts genf0] inl6 —->

outl0 [cpsw cpts hwl_push] =/
8 K3_TS_OFFSET (10, 16)
9 /*pps [cpsw cpts genf0] inl6é —-> out2l

[SYNC1_OUT Pin] =*/
10 K3_TS_OFFSET (21, 16)
11 >;
12 ¥
13 };

Here GENF1 was routed to the HW1_TS_PUSH and
SYNC1_OUT pins. The ti, pps property must also be
added to the cpts@3d000 node to enable GENF1
to be mapped to HW3_TS_PUSH, as described in the
CPTS’s binding (ti, k3-am654—-cpts.yaml).

I cpts@3d000 {
2 /% MAP HW1_TS_PUSH to GENFO =/

3 ti,pps = <0 1>;

)

The ti,pps  property follows the format
<(HWx_TS_PUSH - 1) (GENFy)>, meaning 0

for HW1 (1-1=0) and 1 for GENF1.

2) Implementing PTP in linux: Once the DT has been

recompiled and the AM62x restarted, the user must start
ptp4l to implement PTP in the AM62x, as well as start




pch2sys to synchronise the Linux time with the PTP.
This ensures that the AM62x’s PPS is phase-locked to
the grandmaster’s PPS.

ptp4l -E -4 -H -i ethO -s -m -g -p /dev/ptp0
phc2sys -s /dev/ptp0 -c CLOCK_REALTIME -0 0 -
m -r

When the CPTS module is successfully enabled in the
kernel, it exports a kernel interface for specific clock
drivers and a PTP clock API user space interface, en-
abling support for SIOCSHWTSTAMP and SIOCGHWT-
STAMP socket ioctls. PTP exposes the PHC as a charac-
ter device with standardised ioctls, which can usually be
found at the following path:

I /dev/ptpN

If this interface doesn’t exist, then the CPTS driver
weren’t enabled properly in the kernel.

Once the ptp4l has chosen the best PTP grandmaster and
synchronised the AM62x’s PHC (ptp0) to it, the following
command can be run to enable the PPS signal:

I echo 1 > /sys/class/ptp/ptp0/pps_enable

If the pps_enable cannot be found, then the ti,pps
property is probably not configured or is not present in
the DT.

Figure 8 shows the PPS signals from both the AM62x and
the PTP Grandmaster as observed on the oscilloscope.
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Fig. 8. PPS signal of the PTP Grandmaster (yellow) and the AM625 (blue)

The PPS signal of the AM62 (blue) is phase-locked
with the PPS signal of the PTP Grandmaster (yellow).
However, there is a phase offset of approximately 70 ns,
as shown in Figure 9. A PPS signal was successfully
generated and phase-locked to the PTP Grandmaster.

3) Adapting the CPTS device driver: After adapting the

CPTS device driver (am65-cpts.c), the PPS signal
is increased from 1 Hz to 1 kHz, so that the clock
synthesizer LMKO05318B can phase-synchronously up-
convert the 1 kHz signal to the target frequency of
49.152 MHz in less than one second. With a frequency

50.0ns 35 MEASURE
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Fig. 9. Phase offset of PPS Grandmaster and PPS AM625 (70ns)

of 1 Hz, it takes the LMKO05318B almost 30 minutes to
generate a frequency of 49.152 MHz with deterministic
phase locking. This prolonged lock time is due to the
fact that the DPLL’s Time-to-Digital Converter (TDC)
operates directly from the low-frequency reference (1
Hz), resulting in very slow phase correction. the same
experiment was performed. Figure 10 shows the 1 kHz
output of the GENFO, rather than the 1 Hz output.
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Fig. 10. CPTS driver with 1 kHz

4) Using the LMKO05318B: To meet the target frequency of

49.152 MHz, the clock synchroniser LMKO05318B was
used to upconvert the 1 kHz while maintaining phase
alignment.

The LMKO05318B was configured in three modes: DPLL
mode, Zero Delay Mode (ZDM), and cascaded mode. In
DPLL mode, the device employs its internal digital PLL
to lock to the 1 kHz reference frequency. In ZDM, a deter-
ministic input—output phase delay of +1 VCO cycle can
be achieved between the selected DPLL reference input
(1 kHz) and the OUT7 (one of seven ouput channels),
which outputs the 49.152 MHz. Figure 4 illustrates the
experimental setup used for generating the 49.152 MHz
signal.



LXI < 17:58

Fig. 11. 49.152 MHz (violet), 1 kHz (cyan) and Grandmaster PPS in sync

VIII. RESULTS

The same experimental setup described in figure 4 was
employed to generate the 49.152 MHz media clock. Figure 11
illustrates the phase alignment between three key frequency
signals in the system: the yellow signal represents the PPS
signal from the PTP Grandmaster, the cyan signal corresponds
to the 1 kHz reference signal generated by the AM62x’s CPTS
module, and the violet signal shows the 49.152 MHz media
clock output from the LMKO05318B jitter cleaner. Although the
LMKO05318B is configured to generate an output frequency of
49.152,MHz, this exact value is not accurately displayed on
the oscilloscope. Instead, the measured frequency appears to
deviate slightly, which may initially suggest an inaccuracy in
the clock generation. However, this discrepancy is not due to
the LMKO05318B itself, but rather a limitation of the oscillo-
scope’s timebase and resolution, especially at high frequencies
and when using standard acquisition modes. Oscilloscopes are
generally not optimized for precise frequency measurements
over extended periods, particularly in the presence of minimal
jitter and stable clock sources.

To achieve a more precise verification of the output fre-
quency, a spectrum analyzer was employed. The spectral
analysis results confirm that the LMKO05318B generates a
frequency that closely matches the nominal value of 49.152
MHz, as illustrated in Figure 12.

Figure 12 presents the measured frequency based on one
million samples collected over a 10-second interval. The
results indicate that the output frequency varies within a
narrow range of 49.152000 MHz (red x) to 49.151973 MHz
(green x) along the y-axis, demonstrating excellent precision
and stability.

All three signals are phase-synchronized. The measured
phase offset between the 1kHz and 49.152 MHz signals is
approximately 4 ns, MHz to demonstrycle alignment and tight
phase synchronization.

Furthermore, the phase shift between the PPS signal from
the PTP Grandmaster and the 1 kHz signal is approximately
70ns, which corresponds to the phase offset shown in Figure
8, where a 1 Hz signal is generated instead of 1 kHz.

Fig. 12. Verification of the 49.152 MHz output frequency using a spectrum
analyzer
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Fig. 13. 1 kHz and 49.152 MHz phase offset (4 ns)

This results in a total phase offset of approximately 74 ns
between the PTP Grandmaster and the 49.152 MHz output
frequency of the LMKO05318B, which is well below the
recommended AES11 phase offset of 1ps for 48 kHz sample
rate. This means the target frequency is AES11 compatible.
The rise time of the 49.152 MHz frequency is approximately
265 ps, as shown in figure 14. For jitter analysis, the oscillo-

500ps MEASURE

Fig. 14. Rise time of the 49.152 MHz

scope’s built-in jitter analysis function was used. Figures 15



and 16 show the jitter analysis of the 49.152 MHz signal. In
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Fig. 16. litter tabelle of 49.152 MHz from the oscilloscope

the second row of the Cycle-to-Cycle table in figure 16, the
root mean square (RMS) jitter (denoted as Dev in the table,
representing the standard deviation), is the relevant metric for
evaluation. It amounts to 35ps, based on more than 4,000
samples (Cnt).

Although this RMS jitter exceeds the value of 125fs
specified in the datasheet of the LMKO05318B [9, p. 14], it
remains significantly below the AES11 jitter threshold of 1 ps.
Consequently, the output frequency of the LMKO05318B at
49.152 MHz is well-suited for AoIP systems compliant with
the AES67 standard.

The RMS jitter of the 1 kHz signal is illustrated in Figures
17 and 18. It is approximately 3.2ns, clearly demonstrating
that the LMKO05318B effectively attenuates the jitter of the 1
kHz from 3.2ns to 35 ps
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Fig. 17. 1 kHz Jitter value

Fig. 18. litter tabelle of the 1 kHz from the oscilloscope

IX. SUMMARY

This work demonstrates a method for generating an AES11-
compliant media clock on the TT AM62x SoC for real-time
AolP streaming applications. While the proposed methodology
supports arbitrary media clock frequencies, this paper presents
the approach using a 49.152 MHz clock as a representative
example. In this implementation, the media clock is derived
from an external audio PLL—in this case, the LMKO05318B.
Although the AMG62x lacks dedicated hardware for audio-
grade clock generation, its PTP-capab CPTS module can
produce a 1 kHz reference signal (also PPS). Custom driver
modifications of the CPTS allow derivation of this 1 kHz refer-
ence from the synchronized Physical Hardware Clock (PHC),
significantly reducing the lock time of the LMKO05318B jitter
cleaner from 30 minutes (1 Hz input) to under one second.

The LMKO05318B then upconverts the 1 kHz reference to
49.152 MHz with a cumulative phase offset of only 74 ns,
well within AoIP latency constraints. Measurements confirm
a RMS jitter of 35 ps, demonstrating tight phase coherence
and suitability for AES11 and professional AoIP applications
compliant with AES67. This approach provides a flexible,
reproducible pipeline for high-quality media clock generation
on general-purpose embedded platforms
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