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Ingesting thousands of streams over

SRT on the same endpoint

Jonas Danielsson
GStreamer Conference 2026
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What we do: "automate
productions”

[ Camera | l[ Ingest | , { Stitch | ; [ Object | ; [Autofollow | ; [ Viewer }
4K SRT panorama detection virtual camera

| |
4 s glass-to-glass
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SRT?

e ~ e " V- R
raw UDP / RTP SRT TCP / RTMP
Real-time Transport Protocol Secure Reliable Transport Real-Time Messaging Protocol
low latency UDP + retransmission reliable
no retransmission within a latency budget head-of-line blocking
loss = broken picture encrypted, firewall friendly loss = stalls, latency grows
\ J \. J \ J
< >
lower latency more reliable

outbound i
caller handshake carries streamid listener
camera / encoder our ingest
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Why one port?

Before After
1024-65535 5000
-
-
am
C o C pr—,
_—ry A
-
(o)
-
club firewall club firewall
- N -
Encoder settings Encoder settings
SRT destination SRT destination
srt://ingest:??222? ] srt://ingest:5000?streamid=pitch-3
> <
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It takes a village

{ Orchestration ]

Camera / Vs

) SRT Load balancer
Camera _—

— .
J one UDP port Ingestion —»| Processing
.
Encoder
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One port, many streams

Before: one port per srtsrc
3 streams = 3 ports = 3 firewall rules

cal]e: 5000 srtsrc
streamid=one one

caller srtsrc
streamid=two it two

caller srtsrc
streamid=three |\ 2002 three




Before: one port per srtsrc

3 streams = 3 ports = 3 firewall rules

caller
streamid=one

:5000

srtsrc
one

caller
streamid=two

:5001

srtsrc
two

caller
streamid=three

—> :5002

srtsrc
three
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One port, many streams

After: one shared listener, routed by streamid
3 streams = 1 port = 1 firewall rule

caller
streamid=one

one

srtsrc
one

/'

caller
streamid=two

\
o)
/

caller
streamid=three

shared listener two

connection-key=mellon

W‘

srtsrc
two

srtsrc
three




caller
streamid=one
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One port, many streams

caller @
streamid:two/' 2400

caller
#1::u=three,...

Merged upstream 14 August 2026

shared listener: GstSRTListenerConnection (connection-key=mellon) srtsrc

streamid=one
listen callback //

parse streamid accept thread —

> match srtsrc, or claim a free one > srt_accept > e
streamid=two

auth, per-srtsrc latency hand socket to srtsrc |
no match - caller-rejected  ~-__" i P
S 1

ey : free srtsrc

"1 streamid unset - three
: notify::streamid



Callers

. | srtsink uri="srt://host:5000?streamid=one"
. | srtsink uri="srt://host:5000?streamid=two"
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Listeners

In QSt-Iaur‘Ch gst-launch-1.0 \

srtsrc connection-key=mellon uri="srt://:5000?mode=listener&streamid=one" \

form | filesink location=one.ts \
srtsrc connection-key=mellon uri="srt://:5000?mode=listener&streamid=two" \

| filesink location=two.ts



Callers

. ! srtsink uri="srt://host:5000?streamid=three"

GSTREAMER CONFERENCE 2026 Listeners

gst-launch-1.0 -v \

I n g St- Ia unc h srtsrc connection-key=mellon uri="srt://:5000?mode=1istener" \
| filesink location=out.ts
form

/6stPipeline:pipeline@/6stSRTSrc:srtsrc@: streamid = three
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When do we start a receiver?

Our way

N
pcap sniffer e' registry
e,' parse SRT handshake known streamid? °
J

Caller o 5000 . new srtsrc
streamid=three ’ » streamid=three

e e
dummysrtsrc | __----"""" (5 )

defer unknown streamid
Y,
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When do we start a receiver?

Our way

Caller o
streamid=three

N
pcap sniffer e' registry
e,' parse SRT handshake known streamid? o

J
new srtsrc
-» streamid=three

defer unknown streamid

e e
[ dummysrtsrc | __----"""" ©

Mathieu's way

1
o ] notify::streamid i '
Caller 5000 free srtsrc > next free srtsrc |
streamid=three no streamid yet J ! 1
4

______________




We wrote 300 lines of Rust to parse SRT
handshakes out of pcap captures...

... Mathieu wrote a g_object_set and a
recursive mutex.
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GSTREAMER CONFERENCE 2026 Concurrent SRT streams

1200

> 1205 SRT streams r\\/\“\\

° Bandwidth (Gbit/s)
9 4'66 Gblt/s °.4.66 Gbit/s - 17:29

= 140 GStreamer nodes ;‘ZM

Ingestion nodes
150

- 1UDP port

50

140 nodes - 17:47

125 at stream peak :h\\,‘\\_‘_\_\’;

0
00:00 03:00 06:00 09:00 12:00 15:00 18:00 21:00 24:00
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What happens after we

ingest?



srtsrc
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Ingest, but verify

video checks
caps: framerate

tsdemux

—-——"""9'&#'

h265parse ! rtph265pay

—

/iid/ew pad probe: GOP < 11 s, no B-frames [~ _ fail &
I

fail _y
- L

audio pad
\ audio checks

caps: rate = 48 kHz

—
-
—

4
reject track |
(other track keeps going)

\%_,

aacparse ! rtpmp4apay




Upstream tsdemux

/* TODO: check channels, rate, and profile
and then update caps too? */
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Tales from the
fork

audio/mpeg, mpegversion=4, stream-format=adts

With our patch

audio/mpeg, mpegversion=4, stream-format=adts,
rate=44100, channels=2, profile=lc

gstreamer!8507 — tsdemux: parse and expose more from ADTS header


https://gitlab.freedesktop.org/gstreamer/gstreamer/-/merge_requests/8507
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Fighting the PCR

video pad
P capture time in codec SEI
tsdemux diff = arrival — capture _ rtpbin
skew-corrections=false |_ PTS - diff "| ntp-64 RTP header extension

srtsrc >

| metadata pad :
\ capture time in MPEG-TS KLV ,
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Supplemental Enhancement Information

One H.265 frame (access unit)

AUD VPS PPS

SEI ][ slice data — the picture ]

SPS ‘

J <

SEl user data unregistered

uuid 5911de@@ 5911de@@ deadbeef baadfodd
data capture time, ns since 1900, 8 bytes

Ingestion

capture running time = sei_ntp - base_time
diff = pts - capture running time
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Questions?



