MPX-1g
Release Notes

Version 1.15
30.03.2026

2wcom Systems GmbH — Am Sophienhof 8 — 24941 Flensburg — Germany i .
+49 461 662830-0 (Fax11) — contact@2wcom.com — WwWw.2wcom.com Your audio. Our solution.



mailto:contact@2wcom.com

MPX-1g Release Notes

Table of Contents

VEBISION .15 ettt ettt e et e e et e e e e e bt et e e ab et e e e a b e e e e e b et e e b et e e e n R et e e e R r et e e e nr et e e s naeeeeenrneeeaan 3
NEW FUNCHIONAIIEY ..o e e e e e e e et e e e e e e e e e e s aataeeeeeeeesaanstsaeeeaeeeaaansssaeeeaesann 3
Improved / Changed FUNCHONAIILY ..............ccociiiiieieie ettt sttt s ae e et e teera e s sae s 5
FIXEO ISSUBS ...ttt ettt ettt ettt e a e e a e e e s a b e e e a bt e e bt e e ate e abeesabeeeabeeeabaeeabeesaseesnbeeenbaeensbeesaneesnbeenns 5

VEBISION 1142 ..ottt ettt e e bt e e sttt e e e bt et e e bttt e e st e e e e e st et e e as e e e e e nree e e e s b et e e en b e e e e e naeeeeanrneeeaan 7
FIXEO ISSUES ...ttt h e e at e e it e e et e e et e e e bt e e at e e e abeeeabeeeabeeeseeeanbeesabeeanbeeensbeennneesnreeas 7
KMOWN ISSUES ...ttt ettt e e e et e et e e e e e bbbt e e e e e e s aa bbbt e e e e e e s an e bbb eeeeeeeannnbbbeeeeeeeaansbbneeeeeenss 7

RV o g T O 7 0 =Y =T =T PSP URRUPPRURR 7
FIXEO ISSUES ...ttt ettt h e e at e e a bt e et e e et e e e bt e e sa e e e s abeeeabeeeabeeeseeeanbeesabeeenbeeeabeeennneennreeas 7
KNOWRN ISSUES ...ttt et e e e e s e e e e e e e s bbb e e e e e e s s s s asbba e e e e e e e s sannbbaeeeeeeeas 7

RV L=T £ o It 0 PP P PP PUPPPPRPPPPP 7
NEW FUNCHIONATIEY ...ttt et e e s e e s s be e e abeeebeeeseeessbaesnteeensaeessseessseesnseens 7
Improved / Changed FUNCHIONAIILY .............c..ooiiiiiiiicicceeceeeece ettt e s ae e s ae e s e e saeesasesanesanesnnas 12
FIXEO ISSUES ...ttt ettt e b e e a et e s a b e ettt e bt e e aa b e e ea b e e e b e e e b eeeaateeeabeeebeeeanbeesnbeesaneeennes 15

Page 2 of 19 Your audio. Our solution.




MPX-1g Release Notes

Version 1.15

30.03.2026

New Functionality
1.15-rc12

e Maximum number of scheduler entries increased to 32
1.15-rc10

e The FM/DAB tuner can now be selected as the encoder input source. This allows the audio signal from an
FM/DAB transmitter to be sent back for monitoring.

Encoder Decoder

Source/Profile Assignment

Input Source Ancillary Source Profile
_aptX
1: RF1,FM-93.20 MHz hd g Mone v| |=e=ER E;ﬁ'};-"le%:il;nz hd

1.15-rc7

e Added a configuration option for the favicon (website/tab icon)
Web interface

Session timeout (0 = disable): D

Browser tab config:

FAVICON TITLE

© icon v| | [device] - [ip] |

0 lcon + Status e.g. Warning

EB Device + Status e.g. Error

You now have the possibility to show the overall status of the device via the icon color. You might even
show the device type via the icon for better differentiation in case of many open browser tabs.
e Optional DAB tuner: the ensemble information is added to the information shown on the Overview page
1.15-rc6
e Added the possibility to decode SCTE-35 splice inserts and to trigger a GPO based on that.
The SCTE-35 decoding can be enabled in the TS/Demux input source.

SCTE-35
SCTE-35 decoding (splice inserts = GPO): m
Configuration mode: ‘ Service from list V‘
Service: ‘Tvz Nyheter Audio sip218 V‘
Data PID: | = PID2891 v
State / Configuration
State Inverted Source Parameter
GPO1 |SCTE-35 B sudiooutputs v
GPO 2 Alarm v|
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MPX-1g Release Notes

1.15-rc3
e  First support for new Dual DVB-S/S2/S2X Tuner
e DAB tuner (optional): Added an RDS Databridge as UECP ancillary data provider from the DAB PAD data

General RDS Databridge Switch Criteria

Settings

DAB to RDS conversion

PTV: (- oM ENE Ps:
RT: an RT+ (on @)

e Stereo Decoder: The stereo decoder enables the decoding (audio L+R) of an MPX signal. This audio signal is
then available as a live listening source.

M PX‘lg Name: Power . Warning Live Source: | (D Stereo Decoder
Location:

Description: Input Output >

Decoder

Settings
s
Deemphasis:

e Sinus Generator: This can be selected as the audio source for the stereo encoder.
It generates various sine wave signals.

Sinus Generator Settings

Left Channel Right Channel

Enable: [on @) Enable: aD

Frequency: Frequency:

Level: Level:

Phase: Phase:
1.15-rcl

e Add (optional): The detection and monitoring of watermarking / ContentlID can be activated for each input
source

Kantar watermarking detector

Enable:

Cantent |D:
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Improved / Changed Functionality

1.15-rc12

e  Maximum number of scheduler entries increased to 32

1.15-rc7

e |n case of devices with two power supplies, the power LED will flash red/green, if only one power supply is
connected to power. This can now be suppressed by enabling only the power supply alarm for the
connected power supply and disabling the alarm for the other one. In this case the power LED will show
green. Please note, that for this updated behavior you also must update the System Controller firmware to
version 1.08 — you will find this firmware via “Check for updates” from within the web interface in the
section “Optional Updates”. (CSM-1260)

e Optional DAB tuner: the DAB codec information is now shown in the Audio block of the Overview page

e Slight rework of the Storage status page

1.15-rc4

e The list of present and missing licenses/rights on the System Settings / Global page is now presented in a
clearer fashion

Rights:

+ 4 Channels + SRT Encoder =
+ Dual DVB-5/S2 Tuner + TS Decoder =
+ Ravenna « TS Encoder =
+ Livewire - -
+ EBU Tech 3326 + TS Forwarding =
+ Live Listening + HLS Decoder -
+ SRT Decoder + 5 HLS connections

Fixed Issues
e Digital input is not working as an input source and is displaying the wrong sample rate
1.15-rc12
e Limiter: Power limiter does not attenuate enough (+3dB)
1.15-rcl11
e No decoder output if RDS/stereo encoder right is missing
1.15-rc10
e RDS “automation interface” does not work via TCP connection (CSM-1586)
e Listening to the BNC input via Live Listening is disrupted
e UECP Log: The “View statistics” dialog does not open
1.15-rc9
e RDS “automation interface” ignores end character ‘\n’ (CSM-1503)
e Fixed random and seldom crashes in case SNMP traps are activated and sent
e  Fixed hourly reboots in very rare cases under heavy load (CSM-1525)
e MP2 encoder: rollback to library version from 2022 to possibly fix rare MP2 encoding problems
e Sometimes GPI actions based on GPI tunneling state changes may not get triggered
e No MPX output after switching the decoder to BNC input with direct processing (CSM-1571)
1.15-rc8
e Settings file may get generated empty or incomplete
e Saving on the stereo encoder page causes an error when auto config mode is enabled
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1.15-rc7

Updated SNMP library for better stability

Extended the allowed range for the input source gain to -72 up to +12dB (instead of -12 up to +6dB)

SAT tuner alarms may get triggered for an RF input, even if that input is currently not used and configured
Stability improvements

Fixed possible crash when loading settings

SFN/SPN synchronisation disrupted

The displayed audio level of the sine generator does not match the set level.

1.15-rc6

Security fix according to BSI recommendation

VLAN not selectable for SNMP Trap Manager destinations (CSM-1476)

Periodic reboots due to a memory leak in the Pro-MPEG FEC decoder (CSM-1381)

Fix possible crash report generation after doing a firmware update or a reboot (CSM-1499)

TS stream info incomplete, or not shown at all on Overview page

AAC audio decoding from TS may start severely delayed (CSM-1482)

TS decoding may stop after SAT reception outage in some special cases (but only with the Advanced DVB-
S/S2 Single Tuner)

TS decoding may stop after TS/IP stream input outage in some special cases

SNMP traps: Due to invalid OIDs in the SNMP MIB, some traps could not be assigned correctly

1.15-rc4

Dual SAT tuner not working (bitrate is 0) (CSM-1443)

Fix a possible crash when parsing the service table of a transport stream input (CSM-1461)

RIST requested counter no longer resets after timeout and stream resume

TS/Demux configuration dialog might not open with some special service lists and the device might even
crash when trying to change the configuration via the LCD menu (CSM-1427)

1.15-rc2

Further improvements to PTP synchronization stability

The reception of RTCP receiver reports was broken (since 2.17-rc4), thereby breaking the optional RIST
functionality

The Icecast client may get stuck in a redirect, not being able to re-establish the stream decoding (CSM-
1358)

Enhanced robustness of the SAT tuner inputs

Fix the possibility of corrupted core dump files in case of an application crash

The device could crash under special circumstances when loading settings

SAT tuner: fix wrong status on LCD screen for RF2 input (showing "Not configured")

When changing the width of one of the log tables the page got distorted (CSM-1200)

SAT tuner: no private/ancillary data output after reboot (CSM-1305)

UMPX: When resetting all counters on the Overview page, brief audio errors sometimes occur (CSM-1335)

1.15-rc2

Watermarking: Not configurable with an SRT source
RDS encoder: Synchronisation to external pilot tone is faulty

1.15-rcl
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e TS/Demux - Decoder may not start decoding with APTmpX codec (CSM-1172)
e No private/ancillary data output from SAT after reboot (CSM-1305)

Version 1.14.2

08.08.2025

Fixed Issues

e RDS encoder: Synchronisation to external pilot tone is faulty

Known Issues
e Qutput signal distorted after disconnecting XLR Input

Version 1.14.1 - retracted

01.08.2025 — update: 08.08.2025

Fixed Issues

eGPl /Scheduler: Actions are not executed with certain rights configurations

Known Issues

e RDS encoder: Synchronisation to external pilot tone is faulty

Version 1.14

01.08.2025

New Functionality

e Optional SAT tuner: added a second C/N alarm
1.14-rc26
e  GPI: Stereo encoder pilot tone can now be switched off/on

Active Action Parameter

[ ] |Sterea Encoder Filottans v| |Oﬁ‘ V|

eGPl /Scheduler: All available actions can now be used as GPI actions or scheduler actions

1.14-rc23

e Added new crash report functionality
In case the device does crash (performing an unintended reboot) it was until now very difficult to find the
root cause for the crash/reboot. In such a case a crash report will now be generated which should be sent
to us via the 2wcom Support Center. It will allow us to inspect the reason for the crash/reboot, enabling us
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to develop a fix for the crash.

A A inew) crash report is available on the - April 24 2025 14:27:07 (Local)

The crash report can be downloaded via System Settings / Global:

Crash Report

Date: April 24 2025 1427:07 (Local) ( Delete

1P-4¢_740.000145_crashReport_252424_142707 tar.gz (4.9 MB) (' Download

e Added Icecast server as new input source type, allowing to get audio from an Icecast source client
connecting to that server instance

Codec

Profiles Input Sources

BB rsisar DA Tsmst Dtsie BB tsisrr @ EsoMRIST 6 Livewire Qsip #icecast | B File @) xR

Icecast Client

Name URL Interface Buffer Anc GPIO  5CS

Default Datal 1000 @ (e )(+)(=)
Icecast Server

Name User Mountpoint Port Interface Buffer Anc GPIO  SCS

Default 8000 Data 1 1000 = @ (e )(+)(=)

e Added PTP QoS DSCP settings

e Completely revised dialog that informs about the current status during reboot, firmware update, etc.
This dialog is displayed on all browsers that have a connection to the web interface. Regardless of which
browser has performed a reboot, for example.

i

Reboot initiated < 3

Last update: 16. Jun 2025, 05:16:10 Uptime: 2 days, 21:41:56

e Added Watermarking decoder (optional) for radio input sources

Details - Decoder / Audio / MPX

Main Source Watermarking
Content ID Confidence
1 1040 %%
RF1, FM - 107.00 MHz Timestamp Confidence
31.03.2025, 06:00:59 1040 %
{ e Y e e )

1.14-rc18
e Added new buttons to the Overview page to reset the counters of all decoders or encoders

e Extended log now tracks NTP reference server changes
1.14-rcl6
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e Alarms for optional FM/DAB tuner and SAT tuner added
e UMPX RDS decoding if RDS signal is available

* UMPX RDS
BER Pl PS
5 0% FFFF  Radio
TP TA PTY
i [ ] 28 - Folk Music
CT
RT
Radio Text 2
— .

e RDS databridge is now also available for uMPX codec

1.14-rcl4

e GPO: Add “Remote command” to GPO switch source select.

e Scheduler: Enables the execution of various actions at defined times. Currently activating/deactivating a
decoder source (optional)

e last settings change: The time can be read out as a UNIX timestamp or date.
This is also displayed on the Global page:

Settin gs Down load Last settings change: 30.10.2024 06:03:32 (UTC)

onarata catiinme floe | MDY_1er 110 AAAART ranfin | vl " Fenarata

e GPO: Add “RDS TA Signaling” to GPO switch source. Enables the signaling of TA via relay (optional).

GPO

State / Configuration

State Inverted Source Parameter

GPO1 | RDS TAsignaling v| |FM/DABtuner1 se1 v
GPO 2 | Remote command v |
GPO3 Alarm v
GPO4 Alarm v

e Input source “File” can be played only once if desired.

U e
Play once: e

m ( cancel )
e Started to add the possibility to get a counter history on the Overview page via a small icon next to the
label. It’s more or less a shortcut to the extended log, showing you only the entries for the counter of this
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input source. Currently it’s added to the “Missed” and “Timed out” counter, others should follow.

P
Src address Src port Bitrate Packets/s Jitter
0 0 0 0.0ms
Missed €0 PER MDI Timed out€l) Max size Buffer
0 0.0% 0.0:0.000 0 0 0ms

e If the optional SAT tuner is installed, the LCD screen will now show additionally a status page with reception

information:
AT ZTATUZS

FF1 - DUE-:2 BF:E zz000 2,73, 1303.000 H
EF =TATE Locksd : C/H i7.c dE ; EER 1]
EF LEUEL -38 dEm  EE/MO i0.e 4E ; FE T4 kHz

FFz - DUE-: QF:K zz000 Aut«<, 1TBEB.000 U
EF =TATE Tuning § C/H 0.0 4E : EEF ==
EF LEUEL =89 4Em { EESHO -= i FE ==

1.14-rc6

e  uMPX can now be embedded into MPEG Transport Streams using PES mode

e Added support for WAV files with BW64/RF64 file format

1.14-rc3

e Spectrum view: The spectrum of the sources used (including the internally generated MPX signal) can be
displayed using an FFT. The display switches dynamically between MPX (192 kHz) and audio (48 kHz)
content. The display can be saved as an image if required. The cursor can be used to zoom or select

predefined areas.

Overview

Interfaces  Spectrum

-j:' Capture -:jl

-20

-40
80
=80
-120
a0 o okt L s ol B . W
] 10 19 70 80 80 o]

30 3840 50 57 60

dB

kHz

-,

source: | () Internal MPX v|  zoom:( Reset )( MPx )( MBand )( Pilot ) sBand )( RDS )

A

e Added parity configuration for DTE outputs
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e  GPI Actions: A special data set can now also be defined for the RDS actions TA, TP, EON TA, MS and TA
Toggle. The default is the active data set.

Actions
Enable GPI location GPI State  Triggeredge  Active Action Parameter Parameter 2
@D [Local v|[ePil v| @ [Lhightolow ~] [RDS: TA sermirig ~|[on ~|[osh: Active
@D [Local v [epis v [ rtowtohigh | [RDS: TP set7e ~|[on ~|[os:2-rosps
— X i . o ¥ X »
1.14-rc2

e UECP source backup: Each UECP source can run in standard mode or serve as a backup for another UECP
source. Multiple backups for one source are also possible. For each backup, a time can be defined from
which this backup becomes active.

UECP Settings
Source Settings MEC Access Rights
Used for RDS Encoder

Enable Mode
@
DTE 2: @D |[BackupforoTEl | after [60 -]

1P Port 1: (EA [ sandard v
e Added ping and traceroute possibility to web interface (Network Settings / TCP/IP / Tools)

TCP/IP

General Tools

Ping

Settings Output

Destination: helse.de ‘ PING heise.de (193.99.144.88): 56 data bytes A
64 bytes from 193.99.144.808: seq=8 ttl=247 time=10.199 ms

Interface: |pata1 v 64 bytes from 193.99.144.88: seq=1 tt1=247 time=18.185 ms
64 bytes from 193.99.144.86: seq=2 ttl=247 time=9.981 ms

Count: 64 bytes from 193.99.144.808: seq=3 ttl=247 time=9.894 ms
64 bytes from 193.99.144.808: seq=4 ttl=247 time=9.773 ms

TTL: 255

--- heise.de ping statistics ---
5 packets transmitted, 5 packets received, 8% packet loss
round-trip min/avg/max = 9.773/9.974/1@8.199 ms

Data size (0=default):

ﬂ

| Start | v
Traceroute

Settings Output

Destination: heise.de ‘ traceroute to heise.de (193.99.144.88), 5 hops max, 38 byte packets A
1 192.168.96.1 (192.168.96.1) 0.212 ms (64) 0.221 ms (64) 2.192 ms (64)

Interface: IDatal v 2 mx284-2.ham.purtel.com (185.39.84.9) 7.292 ms (254) 4.488 ms (254) 4.879 ms (254)
3% % =

Max, hops: 4 100.83.140.3 (100.83.140.3) 3.414 ms (252) 3.503 ms (252) 3.845 ms (252)

) 5 bel@@.c358.f.de.plusline.net (80.81.193.132) 1@.21@ ms (251) 1@.138 ms (251) 18.877 ms (2

|: Start :I

e Added event log entries when loading a settings file or loading factory settings
e When generating a settings file on the Global page you can now not just only download the file, but also
save it to the internal storage. You can also directly change the name of the settings file.

Generate settings file: IP-4c_740.000145_config |.xml [ Generate
Settings file: IP-4c_740.000145_config.xml
Actions: Save to storage | | Download
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e Settings files can also be uploaded via the Storage page

Storage
Internal Storage NFS Storage aWs 53 Storage

Data storage Upload file wote: only forfile size < 100M8 (for bigger files use SFTP)
L T Supported types: Audio firmware and settings files.
1758.1 MB free of 6282.7 MB i Browse / Drop file No file selected

J2 Audio files £ Settings files

Filename Date (UTC) Size
1P-4¢_740.000145_config.xml 12.03.2024 08:53:52 4.4MB Delete )
IP-4¢_740.000855_config.xml 12.03.2024 08:54:24 3.8MB DE|EtEV )

e Once there are settings files on the internal storage the user can select one of the stored files instead of
uploading one and load it via the new consolidated Upload/Activate section, thereby having a sort of preset
functionality, allowing to quickly switch between different configurations.

Upload / Activate Check for Updates

Supported files: Firmware , Settings ,Rights and SSL-Certificate

[ Browse/Drop )|Nofile selected h

No file selected

Settings Downl( Stored settings files:
IP-4c_740.000145_config.xml

Generate settings file| IP-4c_740.000855_config.xml | Generate

e Added ping possibility to web interface (Network Settings / TCP/IP / Tools)
e Added an event log entry when setting a GPO by GPI tunnelling

e RDS Databridge (optional): If no RDS update is received for a period of time, the databridge can switch the
RDS encoder to a "Fallback DSN".

Dynamic update fallback

Enable DSN fallback: aD

Standard DSN: Fallback activation after:
Fallback DSN:

e RDS TA timeout: The TA flag is automatically reset after this time

Improved / Changed Functionality

e The PTP functionality did get a complete revision, as it was not working reliably. In the course of these
changes we did also revise the way to configure everything related to time and clock handling including NTP
and external clock.

Before this revision several menu options were involved in the configuration. The selection of interfaces, on
which PTP should be enabled was done via the “Network Settings / Services” menu. The PTP configuration
itself (e. g. domain number and delay mechanism) was done via the “AolP Settings / External Clock” menu
(but only allowing to use the same configuration for all interfaces enabled for PTP). NTP configuration was
done via “Network Settings / NTP”, time configuration (time zone) via “System Settings / Time”. Pretty
much scattered all over the place.

All these configuration options are now consolidated into a single place — the menu “System Settings /
Time/Clock”:
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Time / Clock
Time PTP NTP External Clock Switch Criteria
Settings
Interface Enable VLAN Domain "‘"a‘( QaSDSCE QoS DSCF; Unicast
number mechanism general event
Ctrl n/a
pata1 @D n/a 0 Auto v | EF(46) v| | cse8) v
Data2 n/a

You still have to configure via the “External Clock” tab (which corresponds to the former “AolP Settings /
External Clock” menu), if and which external clock source (PTP, NTP, 1PPS) should be used for the audio
clock synchronization (including optional AES67 outputs).

Time / Clock
Time PTP NTP External Clock Switch Criteria
Main Backup 1 Backup 2
Source: [pTp - Source: None - Source: None ~|

If a backup for the external clock is configured (e. g. NTP), the switch criteria are now configured via the
“Switch Criteria” tab of the “Time / Clock” menu.

Time / Clock
Time PTP NTP External Clock Switch Criteria
Common PTP | 1PPS | NTP
Fallback mode: Holdover v Criteria(s) Time settings
Expert settings: @ state: Synced (slave) T1: 30
@ Master offset: > | 50000 T2 30

There’s also a new “Fallback mode” which allows you to control the behaviour if all configured external
clock sources do fail. In “Holdover” mode (the new default) the device will keep the last external clock (no
longer regulated) and will not switch to the internal clock, which would always result in a glitch.

e Together with the revision of the time and clock configuration we did also revise the available status
information for time / NTP / PTP / external clock. Before the revision the NTP status could be found via the
“Status / NTP” menu, whereas the external clock status could be found on the Overview page in a separate
tab. PTP status information was only provided via this “External Clock” tab on the Overview page.

The complete status information for all this is now also consolidated into a single place —the menu
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“Status / Time/Clock”:

Time / Clock
PTP /NTP External Clock
Present Date / Time Synchronization Status
Date/Time Timezone Sync source Last reference time (UTC) Stratum Frequency Skew RMS offset
11. July 2025, 09:42:49 Europe/Berlin PTP (Ctrl) Fri Jul 11 07:42:46 2025 2 64.47 ppm 0.00 ppm 34ns

Clock Sources Reset Counters

I PTP - Ctrl ec4670.fffe.00fffb PTP Details

Source state Stratum  Frequency Freq. skew Measured offset  Estimated error State Domain  Frequency Master offset  Path delay Syne lost
Currentbest 1 0ppm 0.002ppm  +27Tns 150 s Synced (Slave] 0 455ppm  -157ns 5799 ns 0

Source state Stratum  Frequency Freq.skew  Measured offset  Estimatederror  Poll  Reach Last RX

NTP Server 1 pool.ntp.org (as44222.vserversite)
No select 2 -0.036 ppm 0.087 ppm  -939 ps 11 ms 5125 sessssss 3865

1.14-rc24

e Diagnostic report: Extended by further debug information.

1.14-rc19

o In case of limited screen width, the new hamburger menu is now more prominent. Additionally, the
collapsed menu can be pinned to stay on the screen even in case of limited screen width.

e The PER (packet error/loss rate) for RTP inputs was formerly measured in an interval of 1/10 of the T1 time
of the packet loss switch criteria time (where the default is 60s resulting in a default measurement interval
of 6s). The measurement does now adapt to the type of incoming stream and its number of packets per
second to allow for a resolution of the PER of 0.1% (meaning 1 of 1000 packets). To be able to measure that
at least 1000 packets need to be the measurement interval which might result in the PER not updating very
frequently.

1.14-rc18

e The menu of the web interface does now collapse to a hamburger menu in case screen width is limited

e Show Dual Streaming block on Overview even if FEC is enabled

1.14-rc14

e Decoder Main / Backup switching improved

e Ext. log can now be deleted via a button.

1.14-rc10

e uMPX status values improved and supplemented by FEC values.

1.14-rc3

e New version of the xHE-AAC encoder (04.05.04) with default loudness -24 LUFS

e Updated Fraunhofer libraries to latest versions

e RDS Databridge (optional): If no RDS update is received for a period of time, the Databridge can switch the

RDS encoder to a "Fallback DSN".
Dynamic update fallback

Enable DSN fallback: aO
Standard DSN: Fallback activation after:
Fallback DSN:

e Audio input: If the audio input is used by the audio decoder as a source, the signal runtime is equal to the
direct selection of the audio input.
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e Input LED: The color is now determined by the activation of RDS Encoder, Stereo Encoder or Pilottone and
the status of the decoder chain.

e Output LED: Green as soon as a signal is generated.

1.14-rc2

The different upload sections on the Global web page (Firmware, Settings, Rights, SSL Certificate) were

consolidated to just one section allowing to upload every of the four kinds of files

Upload / Activate Check for Updates

Supported files: Firmware , Settings ,Rights 7 and SSL-Certificate

Browse / Drop No file selected

e The manager user can be granted limited access to the Global web page, allowing just to switch between
different configurations

Reduced sensitivity of the jog wheel for better user experience when doing configurations via the LCD
menu

Allow lower SAT transponder frequencies for C band transponders

Changed Load Factory Settings via LCD menu to new method without reboot

Fixed Issues

e MPX Limiter: Overshot values are not displayed (always 0.0)

e The individual gain may not get applied after reboot for TS/Demux inputs (CSM-1256)

e TS/IP input stream may not continue decoding after stream interruption (CSM-1077)

1.14-rc25

e Headphone and interface levels are not correct

1.14-rc24

e TS/Demux source: Gain may not get applied after reboot.

e uMPX: Disturbed decoding / silence output. Caused by different uMPX buffer values.
Ext. log shows cyclically: “Realigned uMPX buffer after startup”

1.14-rc23

e |oading factory settings might not stop/clear all input sources internally which could result in old settings
still being used

e |cecast client may stop receiving data (after redirect to illegal URL) and does not recover automatically

e General Icecast client compatibility enhancements

e Changing the input source gain of a file input source was not applied to all instances

e OQverview: Displays incorrect analog XLR input level (right)

1.14-rc22

e  uMPX: Reception problem with stream with larger FEC settings (e.g. 64/8)

1.14-rc21

eGPl actions without parameter 2 setting do not work

1.14-rc20

e FM tuner (optional): RF level and SNR can be displayed incorrectly as 0 dB(uV)

e UMPX: After a restart no uMPX level in the backup stream (partially prevents backup switching)

e Auto Config Mode: Possible incorrect setting after a device restart
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MPX-1g Release Notes

Switch criteria: “AES EBU No signal” does not work

1.14-rc19

Prevent duplicate VLAN IDs on same interface

RTCP sender report may get broken after some time (breaking automatic codec detection and transport of
the global delay information in case of synchronous playout / SFN)

Enhanced compatibility to some WAV files

Decoder stops working with ancillary data decoding enabled after ancillary data is sent (if DTE output is
configured; since 1.14-rc18)

PTP for unicast configuration improved

Enhanced compatibility of the Icecast client in case of FLAC Icecast server content

1.14-rcl18

Buffer level alarm not working when uMPX is being decoded

Alarm for “AES/EBU no signal” not working

uMPX: Streams with very small data packets (less than 200bytes) not working

RTP input source: when the input stream changes (e. g. due to an encoder restart), RTP reception might not
resume, showing an input bitrate of 0, even if the new stream is received by the device

Bunch of internal improvements and optimizations

Security enhancements

FLAC codec did not work in combination with SRT

SRT in caller mode doesn’t always connect reliable with the SRT listener

Not currently active TS/Demux backup sources may show wrong ancillary data on Overview page in case a
private PID is used as ancillary source

When changing the ancillary data configuration the ancillary output doesn't work afterwards or the device
may even crash

XHE-AAC encoder: added parameters to control live loudness and DRC

UDP ancillary input improved (might not work after reboot when DHCP is enabled)

When changing a TS/Demux source and switching to the Overview page the device could crash with certain
transponders

Check minimum SRT passphrase length

“Jumping” level meters after decoder backup switching on Overview page

Live Listening: switching the input source while listening may not work reliable

Loading settings might not activate all input source settings

1.14-rcl6

MPX decoder: fluctuation of the pilot frequency (greater than +-2Hz)
Combination of “auto config mode” and switching on/off by the scheduler can lead to incorrect settings
TS/SRT decoding not possible

1.14-rc15

GPI: Double processing of GPI actions

GPI: Configured actions are not displayed

Fixed possible application crash when loading settings or loading factory settings
Fixed possible crash on startup

UMPX ancillary data decoding may drop some bytes
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MPX-1g Release Notes

e Automatic codec detection for TS/Demux input sources may not signal correct AAC type

1.14-rcl4

e Fixed a problem on the Codec page, sometimes not allowing to switch between the “General” and the
“Switch Criteria” tabs in the input source configuration dialogs

e Second stream in DualStreaming setup may show missed packets, although they weren’t missed

e In case of audio errors, the corresponding event log entry may show the wrong reason for the error

e General playout stability improvements

e Optional SAT tuner: Switch criteria C/N does not work

e |cecast client: https Icecast streams with credentials may have problems with authentication

e (Limited) support for Internet Explorer 11 was broken

1.14-rc10

e  Cyclic audio errors when processing PCM streams (Ravanna)

e Fixed audio errors due to FPGA underruns (reported in event log) after a switch between main <-> backup
sources has been done

e Enhanced compatibility to uMPX with FEC from StereoTool and Omnia9

e Fixed audio errors in PCM 192 kHz mode in case of missed packets

o ProMPEG FEC decoder let main input stream fail, if one FEC port offset is set to 0

e  Fix uMPX Dualstreaming

e Fix uMPX decoding from TS in case of PES encapsulation (instead of MPE)

1.14-rc9

e Cyclic audio/MPX interference during processing.

e PES mode for uMPX: fixed several issues in certain configurations for both encoder and decoder side.

e Encoder profiles: fixes an issue where uMPX bitrate would always default to 320kbps when opening the
dialog again.

e Dual Streaming: UDP dual streaming for uMPX is possible once again

e uMPX Decoder (SFN/SPN): fixed a stuck issue/crash with uMPX running in SFN or SPN mode

e  uMPX Decoder: fixed a crash that could occur when changing sources for a decoder with a present and
active backup

e uMPX Decoder: increased internal buffer sizes to be able to handle large uMPX FEC bursts (tested 120/120)

e uMPX Decoder (SPN via Stereo Tool with NTP): fixed an issue that lead to accuracy not updating every
6h12m for a short duration, this however had no negative impact on general operation

e uMPX Encoder (SFN/SPN): fixed a crash when changing sources on an active encoder

e PCM Decoder (SFN/SPN): fixed filling silence in for portions where there is no data, instead of skipping over
it, which lead to SFN/SPN accuracy jumping all over the place

e Storage: Incorrect display of file names with special characters (e.g. 6a)

e RDS: Deletion of a created AF List not possible

1.14-rc7

e System crash when creating a diagnostic report

e Transmission of WMPX via TS and PES mode faulty.

1.14-rc6

e Fixed some problems with the optional Live Listening feature

e  PTP might not work correctly in certain environments
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MPX-1g Release Notes

PTP might not be active after loading a settings file with a corresponding configuration
Changing the SNMPv3 authentication protocol (MD5 <-> SHA1) did not work
After IP address change the SRT decoder (in Listener mode) did not receive any SRT streams

1.14-rc5

Interference from the stereo encoder and distorted audio during live listening (since 1.14-rc4).

Switching from decoder to analog XLR not possible.

When doing “Load factory settings”, the user account passwords were not reset to default

When loading a settings file, the user account passwords were not taken from the loaded settings file

The optional low symbol rate SAT tuner did only work with symbol rates down to 100 kSym/s. This limit is
now reduced to 64 kSym/s

The metronome icon on the Overview page (which should signal external clock usage and its state) was not
shown appropriately

Playback and management of files larger than 2 GB not possible.

1.14-rc4

Buffer management: Fixed a buffer management issue that was introduced in 1.01-rc2, causing buffers to
be played out with a static clock, slowly decreasing or increasing the level until it needs to reset.

1.14-rc3

Fixed audio buffer drift in case of enabled external clock (PTP/1PPS) and enabled sample rate converter
Web interface: session timeout did no longer work

SRT input stream will be only restarted if parameters were changed

Standby input sources were no longer activated when needed - Fixed

UDP ancillary output status did not always work

When switching from PTP to internal clock, the audio outputs had a short distortion

Web interface: on the Login page the user name field now has the focus on page load to allow immediate
typing without the need for the additional click into the field

Web interface: for elementary stream and TS/IP input sources not applicable configuration options are
getting hidden in case of UDP protocol selection

RDS Databridge (optional): the EON TA functionality does now respect the EON Pl configuration and will not
react on EON Ta from a service with a different Pl then the configured one

SNMP: Reading of virtual values not possible (new SNMP MIB required)

1.14-rc2

UECP IP ports not functional after a restart

GPI Forwarding may have some issues when an input source with GPI Forwarding enabled is used for more
than one audio output on different backup levels

Fixed Icecast client issues with Icecast streams with ContentType audio/mpegurl

When switching between different elementary streams (e. g. Ravenna streams) the device may crash and
gets unresponsive

General security and access control improvements

Improved PTP synchronization of AES67 output, improving AES67 output stability

PTP did only work with domain 0

Changing just the audio buffer level of an input source is not (always) applied

Fix the possibility that the TS decoder does not provide the service list (showing 0 services)
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MPX-1g Release Notes

o After settings updates (loading a settings file or loading factory settings) input source changes may not be
applied
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