

    

        rtmp

        v0.1.0



    


  

    Table of contents

    
      



      	RTMP


      	Example: FLV saver


      	Changelog


      	License





        	
          Modules
          


      	RTMP.ChunkStream.Message


      	RTMP.Commands.Command


      	RTMP.Connection





    	Server API
      


      	RTMP


      	RTMP.Frame


      	RTMP.Handler


      	RTMP.Limits


      	RTMP.Listener


      	RTMP.Telemetry



      

    




    	Protocol
      


      	RTMP.AMF0


      	RTMP.ChunkStream


      	RTMP.Commands


      	RTMP.ControlMessages


      	RTMP.Handshake



      

    




    	FLV
      


      	RTMP.FLV.AudioTag


      	RTMP.FLV.Metadata


      	RTMP.FLV.VideoTag



      

    




        



      

    

  

    RTMP

A small RTMP ingest server for Elixir. No framework, no FFmpeg, no native code.
Point OBS, FFmpeg or a phone encoder at it, decide in one callback whether to
accept the stream key, and receive H.264 and AAC frames with timestamps.
Status: v0.1. The support table below says what works today. Anything not
marked "Supported" does not work yet.

It is a protocol library, not a media server: no playback, no relaying to
subscribers, no HLS or transcoding. See examples/flv_saver
for what building on top of it looks like.
Why this exists
I needed live video ingest for a production streaming app built on Elixir.
I searched Hex and found nothing I could build on, so I wrote the handshake,
chunk parsing and AMF handling myself, then spent months finding out what real
encoders and unreliable mobile networks do to a connection.
This library is that work, rewritten as a package other people can use.
It is built for the cases that break naive implementations: small or changing
chunk sizes, chunks from different streams interleaved, timestamps past the
24-bit boundary or wrapping at 32 bits, malformed or hostile input, and clients
that stop sending without closing.
Quick start
# mix.exs
{:rtmp, "~> 0.1"}
defmodule MyIngest do
  use RTMP.Handler

  @impl true
  def handle_publish("live", key, state) do
    if valid_key?(key), do: {:ok, state}, else: {:reject, :bad_key, state}
  end

  def handle_publish(_other_app, _key, state), do: {:reject, :unknown_app, state}

  @impl true
  def handle_frame(%RTMP.Frame{type: :video, dts: _dts, nalus: _nalus}, state) do
    # forward to your packager, recorder or relay
    {:ok, state}
  end

  def handle_frame(%RTMP.Frame{type: :audio}, state), do: {:ok, state}

  defp valid_key?(key), do: key == "my_key"
end

# in your supervision tree
{RTMP.Listener, port: 1935, handler: MyIngest}
Test it without a camera:
ffmpeg -re -stream_loop -1 -i sample.mp4 -c copy -f flv rtmp://localhost:1935/live/my_key

In OBS: Settings → Stream → Service: Custom, server
rtmp://your-host:1935/live, stream key my_key.
The handler
handle_publish/3 and handle_frame/2 are required. The rest have defaults
when you use RTMP.Handler. There's deliberately no default for
handle_publish/3: deciding which stream keys are valid is the one thing
every server must do on purpose.
	Callback	When	Can reject / disconnect
	init/2	TCP accepted, before the RTMP handshake	{:reject, reason} — e.g. refuse an IP
	handle_connect/2	client sent connect (app, tcUrl, ...)	{:reject, reason, state}
	handle_publish/3	client sent publish (app, stream key)	{:reject, reason, state}
	handle_metadata/2	client sent onMetaData	{:disconnect, reason, state}
	handle_frame/2	every audio and video frame	{:disconnect, reason, state}
	handle_disconnect/2	the connection ended, with the reason	—

A frame (RTMP.Frame) carries type, codec, dts and cts (so
RTMP.Frame.pts/1), keyframe?, sequence_header?, the codec data, parsed
config for sequence headers, nalus for H.264, and the raw payload — which
is exactly an FLV tag body, ready to write to a file.
Callbacks run in the connection's own process, so self() inside a callback
is the connection. Keep it to kick a publisher later with
RTMP.disconnect(pid, reason).
Every way a connection can end reaches handle_disconnect/2 with a reason:
:closed, :unpublished, :idle_timeout, :handshake_timeout,
{:rejected, reason}, {:disconnected, reason}, {:protocol_error, reason},
{:handler_error, exception}, :shutdown or {:socket_error, reason}.
What is supported
	Area	v0.1	Later	Not planned
	Simple handshake	Supported		
	Digest (HMAC) handshake			Not planned (old Flash-era clients)
	RTMPE (encrypted)	Rejected		
	Chunk streams: fmt 0–3, extended timestamps, interleaving	Supported		
	Protocol control: Set Chunk Size, Abort, Ack, Window Ack Size, Set Peer Bandwidth, User Control (Stream Begin, Ping)	Supported		
	AMF0 commands and metadata	Supported		
	AMF3	Type 17/15 messages with an AMF0 body (the common case)	Maybe	
	connect, releaseStream, FCPublish, createStream, publish, FCUnpublish, deleteStream, closeStream	Supported		
	onMetaData (with or without @setDataFrame), aggregate messages	Supported		
	H.264 video	Supported: decoder config (profile, level, SPS, PPS), NAL units, composition time		
	AAC audio	Supported: AudioSpecificConfig, raw frames		
	MP3, Speex, PCM, Nellymoser, G.711, Sorenson H.263, VP6, Screen Video	Passed through unparsed		
	HEVC, AV1, VP9, Opus (Enhanced RTMP)	Rejected with a clear error	Planned	
	RTMPS (TLS)	Terminate TLS in front of it	Planned	
	Publishing to other servers (client)		Planned	
	Playback to subscribers (play)	Rejected		Not planned (use a media server)
	Transcoding, HLS, DASH			Not planned (see examples)

Behaviour under bad conditions
	A timeout on every handshake step, and an idle timeout once connected.
	Hard limits on chunk size, message size, open chunk streams, and total bytes
held in partially received messages.
	A slow handler cannot make memory grow without bound (see Design notes).
	A malformed or hostile client closes its own connection and nothing else.
Parsers return errors on bad input; they never raise.
	Telemetry events: [:rtmp, :connection, :start | :stop | :rejected],
[:rtmp, :publish, :start | :stop], [:rtmp, :bytes, :in],
[:rtmp, :protocol, :error]. Stream keys are never included. See
RTMP.Telemetry.


Tested with: FFmpeg (libavformat 62.3) — H.264 + AAC, AAC only, MP3, and
timestamps past the 24-bit boundary, captured byte-for-byte as test fixtures.
Not yet tested against OBS or Larix directly; OBS uses librtmp's command
sequence, which matches FFmpeg's.
Configuration
RTMP.Listener options:
	Option	Default	
	:handler	required	Your RTMP.Handler module
	:handler_options	[]	Passed to init/2 for each connection
	:port	1935	0 picks a free port; read it with RTMP.Listener.port/1
	:acceptors	10	Acceptor processes
	:max_connections	16_384	Concurrent connections
	:limits	see below	Keyword list or %RTMP.Limits{}
	:transport_options	[]	Passed to :gen_tcp, e.g. [ip: {127, 0, 0, 1}]
	:name	—	Registered name

Per-connection limits (RTMP.Limits):
	Limit	Default	Bounds
	:max_chunk_size	1 MiB	Largest chunk size a client may set
	:max_message_size	8 MiB	Largest single message (e.g. a keyframe)
	:max_chunk_streams	16	Chunk stream IDs per connection
	:max_buffered_bytes	16 MiB	Total bytes in partially received messages
	:idle_timeout	30 s	No data after the handshake
	:handshake_timeout	10 s	Per handshake step

Design notes
Backpressure. Frames are passed to your handler synchronously, in the
connection's own process, and no more data is read from the socket until your
callback returns. If your handler is slow, the publisher is slowed down by TCP
flow control. There's no internal queue, so there's nothing to grow. If you'd
rather not slow the publisher, hand frames to another process yourself and
decide what to drop.
Failure isolation. Each connection is its own process (on
ThousandIsland). A protocol error,
a limit breach, a timeout or an exception in your handler closes that
connection cleanly — handle_disconnect/2 still runs and the exception is
logged — and nothing else.
Determinism. Frames that fully arrived before a protocol error are
delivered before the connection closes, however TCP happened to split the
bytes.
Known limitations
	Ingest only: no client, no play, no relaying.
	No RTMPS — terminate TLS in front (nginx stream, HAProxy, a load balancer).
	No Enhanced RTMP codecs; they're rejected with a reason rather than handed
to you undecodable.
	Only H.264 and AAC are parsed; other legacy codecs are passed through.
	Simple handshake only.
	No AMF3 values (AMF3-typed messages with an AMF0 body work).
	One publish per connection, which is what every encoder does.
	Timestamps are RTMP's 32-bit milliseconds and wrap after about 49.7 days.
	Clients must honour the negotiated chunk size. A client that writes
messages larger than the chunk size without continuation headers is
breaking the spec, and its stream is rejected as malformed.
	Extended timestamps on continuation chunks are detected by value, as SRS and
nginx-rtmp do, to support encoders that omit them. If a continuation
chunk's first four payload bytes happen to equal the timestamp, they'd be
misread.

Examples
	examples/flv_saver: write every published stream to
an FLV file (about 70 lines).
	examples/hls_bridge/: hand frames to a packager. (planned)

Compared with other Elixir options
	membrane_rtmp_plugin: part of the Membrane framework, relies on FFmpeg.
Choose it if you are already building a Membrane pipeline.
	ex_rtmp: server and client in one package.
	eml_rtmp family, rtmpmsg: lower-level building blocks.

Choose this library if you want a plain Elixir ingest server with a single
handler behaviour, strict limits and telemetry, and no dependency on a
framework. (Check the claims above against each project's current README
before publishing.)
Testing
mix test

Unit tests for every protocol layer; property-based tests (StreamData) for
AMF0 round-trips, chunk encode/parse round-trips at random chunk sizes and
split points, randomly interleaved chunk streams, and fuzzing with random
bytes; socket-level tests replaying captured FFmpeg publishes in randomly
sized writes; and tests for every limit, rejection path, handler failure,
telemetry event and backpressure. CI also publishes a live FFmpeg test
pattern to the FLV saver example and checks the file with ffprobe.
Roadmap
	v0.1: ingest server (this README).
	v0.2: RTMPS, Enhanced RTMP codecs.
	v0.3: publisher (client) mode.
	Outside this repo: publishers for React Native and Tauri.

License
MIT — see LICENSE.


  

    FLV saver example

The rtmp library deliberately stops at delivering frames — no recording,
HLS or relaying built in. This example shows what "the rest" looks like for
the simplest possible case: write every published stream to an FLV file.
It's about 70 lines (lib/flv_saver.ex), and almost all of it is the FLV
container format. RTMP message payloads are already FLV tag bodies, so each
frame is written as-is with a small header in front.
Run it
cd examples/flv_saver
mix deps.get
RTMP_PORT=1935 OUTPUT_DIR=recordings mix run --no-halt

Publish to it from another terminal:
ffmpeg -re -f lavfi -i testsrc=size=640x360:rate=30 \
       -f lavfi -i sine=frequency=440 -t 10 \
       -c:v libx264 -c:a aac -f flv rtmp://localhost:1935/live/mystream

or from OBS: server rtmp://localhost:1935/live, stream key mystream.
You'll get recordings/mystream-<unix time>.flv, playable in VLC or
ffplay, and inspectable with ffprobe.
Things to notice
	The stream key is validated before it touches a path. It comes from
the network; ../../etc/passwd must not become a filename. Keys that
aren't [A-Za-z0-9_-]{1,64} are rejected in handle_publish/3.
	No auth. Any valid-looking key is accepted. A real server checks keys
against something in handle_publish/3.
	Writes are synchronous. If the disk is slow, the publisher is slowed
down by TCP flow control — that's the library's backpressure working, not
a bug.



  

    Changelog

0.1.0
First release: an RTMP ingest server.
	Simple handshake with per-step timeouts.
	Chunk stream parsing and assembly: fmt 0–3, all basic header widths,
extended timestamps, interleaved chunk streams.
	Protocol control messages: Set Chunk Size, Abort, Acknowledgement, Window
Acknowledgement Size, Set Peer Bandwidth, User Control (Stream Begin, Ping).
	AMF0 encode/decode.
	Commands: connect, releaseStream, FCPublish, createStream, publish,
FCUnpublish, deleteStream, closeStream. play is rejected.
	FLV tag parsing: H.264 (AVCDecoderConfigurationRecord, NAL units,
composition time) and AAC (AudioSpecificConfig, raw frames). Other legacy
codecs passed through; Enhanced RTMP rejected cleanly.
	onMetaData and aggregate messages.
	RTMP.Handler behaviour, RTMP.Listener (on ThousandIsland), and
RTMP.disconnect/2.
	Hard limits, backpressure through TCP flow control, and telemetry events.
	Example: examples/flv_saver.



  

    License


MIT License

Copyright (c) 2026 Adeyeye Seyi

Permission is hereby granted, free of charge, to any person obtaining a copy
of this software and associated documentation files (the "Software"), to deal
in the Software without restriction, including without limitation the rights
to use, copy, modify, merge, publish, distribute, sublicense, and/or sell
copies of the Software, and to permit persons to whom the Software is
furnished to do so, subject to the following conditions:

The above copyright notice and this permission notice shall be included in all
copies or substantial portions of the Software.

THE SOFTWARE IS PROVIDED "AS IS", WITHOUT WARRANTY OF ANY KIND, EXPRESS OR
IMPLIED, INCLUDING BUT NOT LIMITED TO THE WARRANTIES OF MERCHANTABILITY,
FITNESS FOR A PARTICULAR PURPOSE AND NONINFRINGEMENT. IN NO EVENT SHALL THE
AUTHORS OR COPYRIGHT HOLDERS BE LIABLE FOR ANY CLAIM, DAMAGES OR OTHER
LIABILITY, WHETHER IN AN ACTION OF CONTRACT, TORT OR OTHERWISE, ARISING FROM,
OUT OF OR IN CONNECTION WITH THE SOFTWARE OR THE USE OR OTHER DEALINGS IN THE
SOFTWARE.
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A fully reassembled RTMP message.
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          @type t() :: %RTMP.ChunkStream.Message{
  csid: pos_integer(),
  payload: binary(),
  stream_id: non_neg_integer(),
  timestamp: non_neg_integer(),
  type_id: byte()
}


      



  


        

      


  

    
RTMP.Commands.Command 
    



      
A decoded command message.
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          @type t() :: %RTMP.Commands.Command{
  args: [RTMP.AMF0.value()],
  name: binary(),
  object: map() | nil,
  transaction_id: number()
}


      



  


        

      


  

    
RTMP.Connection 
    



      
One process per RTMP connection (a ThousandIsland.Handler). Started by
RTMP.Listener; you don't use this module directly.
It drives the whole connection: handshake, chunk stream reassembly,
protocol control messages, commands, FLV tag parsing, and the calls into
your RTMP.Handler.
Design notes
	Backpressure. Frames are handed to your handler synchronously,
inside handle_data/3. ThousandIsland keeps the socket in
active: :once mode, so no more data is read until that returns. A
slow handler throttles the publisher through TCP flow control instead
of filling an internal queue — there isn't one.
	Failure isolation. Every exit path — protocol error, limit breach,
timeout, handler exception, rejection — closes this one connection
and reports a reason to RTMP.Handler.handle_disconnect/2. Nothing
here can affect the listener or other connections.
	Output batching. Everything a step needs to send is collected and
written to the socket in one call at the end of that step.
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        child_spec(init_arg)

      


        Returns a specification to start this module under a supervisor.
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Returns a specification to start this module under a supervisor.
See Supervisor.
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          @spec start_link({handler_options :: term(), GenServer.options()}) ::
  GenServer.on_start()


      



  


        

      


  

    
RTMP 
    



      
A small, correct, hard-to-crash RTMP ingest server.
It accepts publishes from OBS, FFmpeg and other encoders, takes care of
the handshake, chunk streams, protocol control messages, AMF0 commands and
FLV tag parsing, and hands you timestamped audio and video frames through
a behaviour you implement. What you do with them — HLS, recording,
relaying, analysis — is up to you.
Getting started
defmodule MyApp.RTMPHandler do
  use RTMP.Handler

  @impl true
  def handle_publish(_app, stream_key, state) do
    if stream_key == "secret", do: {:ok, state}, else: {:reject, :bad_key, state}
  end

  @impl true
  def handle_frame(frame, state) do
    IO.inspect({frame.type, frame.codec, frame.dts})
    {:ok, state}
  end
end

# in your application's supervision tree
{RTMP.Listener, port: 1935, handler: MyApp.RTMPHandler}
Then publish to it:
ffmpeg -re -i input.mp4 -c copy -f flv rtmp://localhost:1935/live/secret
Where to look
	RTMP.Handler — the callbacks and their lifecycle
	RTMP.Listener — starting the server and its options
	RTMP.Frame — what a frame contains
	RTMP.Limits — the hard limits and their defaults
	RTMP.Telemetry — events for metrics and logging
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        disconnect(connection, reason)

      


        Closes a connection from outside its handler — for example, when a stream
key is revoked mid-stream.
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          @spec disconnect(pid(), term()) :: :ok


      


Closes a connection from outside its handler — for example, when a stream
key is revoked mid-stream.
connection is the connection process; inside any handler callback that's
self(), so a handler can register it somewhere to find it later. The
handler's RTMP.Handler.handle_disconnect/2 receives
{:disconnected, reason}.

  


        

      


  

    
RTMP.Frame 
    



      
One audio or video frame, as delivered to RTMP.Handler.handle_frame/2.
Fields
	:type — :audio or :video.
	:codec — :aac or :h264 (parsed), or the FLV codec of a frame
passed through unparsed (:mp3, :speex, :vp6, ...), or
{:unknown, id}.
	:dts — decode timestamp in milliseconds: the RTMP message timestamp.
32-bit, wraps after about 49.7 days.
	:cts — composition time offset in milliseconds (video only; 0 for
audio). The presentation timestamp is dts + cts — see pts/1.
	:keyframe? — video keyframe. Always false for audio.
	:sequence_header? — this frame is decoder configuration, not media:
an AAC AudioSpecificConfig or an H.264 AVCDecoderConfigurationRecord.
Encoders send one before the first media frame and again if the
configuration changes.
	:parsed? — whether the codec payload was parsed. false for codecs
that are passed through as-is.
	:data — the codec payload with the FLV tag header stripped:	AAC sequence header: the AudioSpecificConfig bytes.
	AAC frame: one raw AAC frame (no ADTS header).
	H.264 sequence header: the AVCDecoderConfigurationRecord bytes.
	H.264 frame: length-prefixed (AVCC) NAL units.
	Unparsed codecs: everything after the first FLV tag byte.


	:config — for sequence headers, the parsed configuration
(see RTMP.FLV.AudioTag and RTMP.FLV.VideoTag). For unparsed audio,
the FLV header's rate/size/channel fields. Otherwise nil.
	:nalus — H.264 frames only: the NAL units split out of :data,
without their length prefixes. nil otherwise.
	:stream_id — the RTMP message stream id the frame arrived on.
	:payload — the complete RTMP message payload, which is exactly an
FLV tag body. Write this verbatim when remuxing to FLV.

Binary fields are sub-binaries of the received message, so carrying both
:payload and :data (and :nalus) costs no extra copies.
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    Functions
  


    
      
        pts(frame)

      


        Presentation timestamp in milliseconds: dts + cts.
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          @type codec() ::
  :aac
  | :h264
  | :pcm
  | :pcm_le
  | :adpcm
  | :mp3
  | :mp3_8khz
  | :nellymoser
  | :nellymoser_8khz
  | :nellymoser_16khz
  | :g711_alaw
  | :g711_mulaw
  | :speex
  | :device_specific
  | :jpeg
  | :sorenson_h263
  | :screen_video
  | :screen_video_v2
  | :vp6
  | :vp6_alpha
  | {:unknown, non_neg_integer()}
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          @type t() :: %RTMP.Frame{
  codec: codec(),
  config: map() | nil,
  cts: integer(),
  data: binary(),
  dts: non_neg_integer(),
  keyframe?: boolean(),
  nalus: [binary()] | nil,
  parsed?: boolean(),
  payload: binary(),
  sequence_header?: boolean(),
  stream_id: non_neg_integer(),
  type: :audio | :video
}
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          @spec pts(t()) :: integer()


      


Presentation timestamp in milliseconds: dts + cts.

  


        

      


  

    
RTMP.Handler behaviour
    



      
The behaviour you implement to receive RTMP publishes.
One handler state exists per connection. Callbacks run inside the
connection's own process, in order, and the next chunk of network data is
not read until a callback returns — so a slow callback slows the publisher
down instead of making memory grow (see "Backpressure" in the README).
Lifecycle
init/2              TCP connection accepted (before the RTMP handshake)
handle_connect/2    client sent `connect`
handle_publish/3    client sent `publish` — accept or reject the stream key
handle_metadata/2   client sent `onMetaData` (zero or more times)
handle_frame/2      every audio/video frame
handle_disconnect/2 the connection is gone, for whatever reason
handle_publish/3 and handle_frame/2 are required. The others are
optional; use RTMP.Handler defines defaults (accept everything, ignore
metadata) that you can override.
There is deliberately no default for handle_publish/3: deciding which
stream keys are valid is the one thing every server must do on purpose.
Disconnect reasons
handle_disconnect/2 receives one of:
	:closed — the client closed the TCP connection.
	:unpublished — the client sent deleteStream for the published stream.
	:idle_timeout — no data within idle_timeout after the handshake.
	:handshake_timeout — a handshake step took longer than handshake_timeout.
	{:rejected, reason} — your handle_connect/2 or handle_publish/3
rejected the client, the client asked to play (not supported), or it
published a codec this library rejects ({:unsupported_codec, ...}).
	{:disconnected, reason} — your handle_metadata/2 or handle_frame/2
returned {:disconnect, reason, state}, or RTMP.disconnect/2 was called.
	{:protocol_error, reason} — the client broke the protocol or a limit
in RTMP.Limits.
	{:handler_error, exception} — one of your callbacks raised. The
connection is closed cleanly and the error is logged.
	:shutdown — the listener is shutting down.
	{:socket_error, reason} — the socket failed.

handle_disconnect/2 is not called when init/2 rejected the connection,
since no state exists yet.
Example
defmodule MyApp.RTMPHandler do
  use RTMP.Handler

  @impl true
  def handle_publish(_app, stream_key, state) do
    if MyApp.Streams.valid_key?(stream_key),
      do: {:ok, Map.put(state, :key, stream_key)},
      else: {:reject, :invalid_key, state}
  end

  @impl true
  def handle_frame(%RTMP.Frame{} = frame, state) do
    MyApp.Pipeline.push(state.key, frame)
    {:ok, state}
  end
end
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        connect_info()

      


        The client's connect command, passed to handle_connect/2.



    


    
      
        connection_info()

      


        Connection details passed to init/2.
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        state()

      


    





  
    Callbacks
  


    
      
        handle_connect(connect_info, state)

      


        Called on the client's connect command.



    


    
      
        handle_disconnect(reason, state)

      


        Called once when the connection ends. The return value is ignored.



    


    
      
        handle_frame(t, state)

      


        Called for every audio and video frame of the published stream, in
arrival order. Return {:disconnect, reason, state} to drop the
publisher.



    


    
      
        handle_metadata(metadata, state)

      


        Called with the stream's onMetaData, if the client sends one.
Return {:disconnect, reason, state} to drop the publisher.



    


    
      
        handle_publish(app, stream_key, state)

      


        Called on the client's publish command. This is where stream keys are
checked. stream_key is the publishing name exactly as sent, including
any query string ("key?token=...").



    


    
      
        init(connection_info, opts)

      


        Called when a TCP connection is accepted, before the RTMP handshake.
opts is the :handler_options value given to RTMP.Listener.
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          @type connect_info() :: %{
  app: binary(),
  tc_url: binary() | nil,
  flash_ver: binary() | nil,
  swf_url: binary() | nil,
  page_url: binary() | nil,
  object_encoding: number(),
  properties: map(),
  remote_address: :inet.ip_address(),
  remote_port: :inet.port_number()
}


      


The client's connect command, passed to handle_connect/2.
:app is the application name from the RTMP URL
(rtmp://host/<app>/<stream_key>). :properties is the complete
command object exactly as the client sent it.
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          @type connection_info() :: %{
  remote_address: :inet.ip_address(),
  remote_port: :inet.port_number()
}


      


Connection details passed to init/2.
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          @type reason() :: term()
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          @type state() :: term()
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      handle_connect(connect_info, state)


        (optional)


        
          
        

    

  


  

      

          @callback handle_connect(connect_info(), state()) ::
  {:ok, state()} | {:reject, reason(), state()}


      


Called on the client's connect command.
Default: {:ok, state}.

  



  
    
      
    
    
      handle_disconnect(reason, state)


        (optional)


        
          
        

    

  


  

      

          @callback handle_disconnect(reason(), state()) :: term()


      


Called once when the connection ends. The return value is ignored.
Default: does nothing.
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          @callback handle_frame(RTMP.Frame.t(), state()) ::
  {:ok, state()} | {:disconnect, reason(), state()}


      


Called for every audio and video frame of the published stream, in
arrival order. Return {:disconnect, reason, state} to drop the
publisher.

  



  
    
      
    
    
      handle_metadata(metadata, state)


        (optional)


        
          
        

    

  


  

      

          @callback handle_metadata(metadata :: map(), state()) ::
  {:ok, state()} | {:disconnect, reason(), state()}


      


Called with the stream's onMetaData, if the client sends one.
Return {:disconnect, reason, state} to drop the publisher.
Default: {:ok, state}.

  



  
    
      
    
    
      handle_publish(app, stream_key, state)



        
          
        

    

  


  

      

          @callback handle_publish(app :: binary(), stream_key :: binary(), state()) ::
  {:ok, state()} | {:reject, reason(), state()}


      


Called on the client's publish command. This is where stream keys are
checked. stream_key is the publishing name exactly as sent, including
any query string ("key?token=...").
On {:reject, reason, state} the client is told the publish failed and
the connection is closed. reason is never sent to the client.

  



  
    
      
    
    
      init(connection_info, opts)


        (optional)


        
          
        

    

  


  

      

          @callback init(connection_info(), opts :: term()) :: {:ok, state()} | {:reject, reason()}


      


Called when a TCP connection is accepted, before the RTMP handshake.
opts is the :handler_options value given to RTMP.Listener.
Return {:reject, reason} to close the connection immediately — for
example, to refuse an IP address.
Default: {:ok, opts}.

  


        

      


  

    
RTMP.Limits 
    



      
Per-connection hard limits.
Every limit exists to keep a broken or hostile peer from making the
server use unbounded memory or hold a connection open forever. When a
limit is hit the connection is closed with
{:protocol_error, reason} and the listener is unaffected.
	Option	Default	What it bounds
	:max_chunk_size	1 MiB (1_048_576)	The largest chunk size a peer may set with Set Chunk Size.
	:max_message_size	8 MiB (8_388_608)	The largest single message (e.g. one video keyframe) a peer may declare.
	:max_chunk_streams	16	Distinct chunk stream IDs tracked per connection. Real encoders use fewer than 8.
	:max_buffered_bytes	16 MiB (16_777_216)	Total bytes held in partially received messages across all chunk streams of one connection.
	:idle_timeout	30_000 ms	Close the connection if no bytes arrive for this long after the handshake.
	:handshake_timeout	10_000 ms	Close the connection if any single handshake step takes longer than this.

The worst-case memory a single connection can hold in reassembly buffers
is therefore max_buffered_bytes (plus at most one chunk of unparsed
input), regardless of what the peer sends.
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        t()

      


    





  
    Functions
  


    
      
        new(limits)

      


        Builds limits from a keyword list (or returns an existing struct as is).



    





      


      
        Types


        


  
    
      
    
    
      t()



        
          
        

    

  


  

      

          @type t() :: %RTMP.Limits{
  handshake_timeout: pos_integer(),
  idle_timeout: pos_integer(),
  max_buffered_bytes: pos_integer(),
  max_chunk_size: pos_integer(),
  max_chunk_streams: pos_integer(),
  max_message_size: pos_integer()
}


      



  


        

      

      
        Functions


        


  
    
      
    
    
      new(limits)



        
          
        

    

  


  

      

          @spec new(t() | keyword()) :: t()


      


Builds limits from a keyword list (or returns an existing struct as is).
Raises ArgumentError on unknown keys or values that aren't positive
integers — this is configuration, checked once at startup.

  


        

      


  

    
RTMP.Listener 
    



      
Starts an RTMP server.
Add it to your supervision tree:
children = [
  {RTMP.Listener, port: 1935, handler: MyApp.RTMPHandler}
]
Options
	:handler (required) — a module implementing RTMP.Handler.
	:handler_options — passed to RTMP.Handler.init/2 for every
connection. Default [].
	:port — TCP port. Default 1935. Use 0 for a random free port
(see port/1).
	:acceptors — number of acceptor processes. Default 10.
	:max_connections — concurrent connections before new ones are
refused. Default 16_384.
	:limits — per-connection limits, a keyword list or RTMP.Limits
struct. See RTMP.Limits for options and defaults.
	:transport_options — passed to :gen_tcp via ThousandIsland, e.g.
[ip: {127, 0, 0, 1}] to bind to localhost only.
	:name — registered name for the listener's supervisor.

Each connection runs in its own process; a failure in one never affects
the listener or any other connection.

      


      
        Summary


  
    Functions
  


    
      
        port(listener)

      


        The port the listener is bound to — useful after starting with port: 0.



    


    
      
        start_link(opts)

      


        Starts the listener. See the module docs for options.



    


    
      
        stop(listener, timeout \\ 15000)

      


        Stops the listener, waiting up to timeout ms for connections to finish.
Open connections get RTMP.Handler.handle_disconnect/2 with :shutdown.



    





      


      
        Functions


        


  
    
      
    
    
      port(listener)



        
          
        

    

  


  

      

          @spec port(Supervisor.supervisor()) :: {:ok, :inet.port_number()} | :error


      


The port the listener is bound to — useful after starting with port: 0.

  



  
    
      
    
    
      start_link(opts)



        
          
        

    

  


  

      

          @spec start_link(keyword()) :: Supervisor.on_start()


      


Starts the listener. See the module docs for options.

  



    

  
    
      
    
    
      stop(listener, timeout \\ 15000)



        
          
        

    

  


  

      

          @spec stop(Supervisor.supervisor(), timeout()) :: :ok


      


Stops the listener, waiting up to timeout ms for connections to finish.
Open connections get RTMP.Handler.handle_disconnect/2 with :shutdown.

  


        

      


  

    
RTMP.Telemetry 
    



      
Telemetry events emitted by the server.
All events share a base metadata map:
	:pid — the connection process
	:remote_address, :remote_port — the peer

Stream keys are secrets, so they never appear in telemetry metadata.
Events
[:rtmp, :connection, :start]
A TCP connection was accepted.
	Measurements: %{system_time: integer}

[:rtmp, :connection, :stop]
A connection ended.
	Measurements: %{duration: native_time, bytes_in: integer}
	Metadata: :reason — the same reason given to RTMP.Handler.handle_disconnect/2

[:rtmp, :connection, :rejected]
A connection was refused — by your handler, or because the client asked
for something unsupported.
	Measurements: %{}
	Metadata: :stage (:init, :connect, :publish, :play or
:codec) and :reason

[:rtmp, :publish, :start]
A publish was accepted.
	Measurements: %{system_time: integer}
	Metadata: :app

[:rtmp, :publish, :stop]
A publish ended.
	Measurements: %{duration: native_time}
	Metadata: :app, :reason

[:rtmp, :bytes, :in]
Bytes received from the client, emitted per socket read.
	Measurements: %{bytes: integer}

[:rtmp, :protocol, :error]
The client sent something invalid.
	Measurements: %{}
	Metadata: :reason, and :fatal? — true when the connection is
being closed because of it, false when only one frame was dropped
(e.g. a malformed H.264 payload) and the stream continues.


      




  

    
RTMP.AMF0 
    



      
AMF0 encoding and decoding.
RTMP command messages (connect, publish, ...) and data messages
(onMetaData) are sequences of AMF0 values.
Value mapping
	AMF0 type	Elixir (decoded)	Encoded from
	Number	float, or :nan / :infinity / :neg_infinity	integer, float, those atoms
	Boolean	true / false	true / false
	String	binary	binary shorter than 64 KiB
	Long String	binary	binary of 64 KiB or more
	Object	map with binary keys	map (atom or binary keys)
	ECMA Array	map with binary keys	{:ecma_array, map}
	Strict Array	list	list
	Null	nil	nil
	Undefined	:undefined	:undefined
	Date	DateTime (millisecond precision, UTC)	DateTime
	Typed Object	{:typed_object, class, map}	same
	XML Document	{:xml, binary}	same
	Reference	{:reference, index}	same
	Unsupported	:unsupported	:unsupported

Objects and ECMA arrays both decode to plain maps, so the distinction is
lost on a round trip; encode a map as {:ecma_array, map} when the
receiver needs an ECMA array (FLV onMetaData, for example).
NaN and the infinities can't be represented as BEAM floats, so they decode
to atoms instead of failing — some encoders really do send them in
metadata.
Robustness
Decoding never raises on malformed input; it returns {:error, reason}.
Nesting deeper than 64 levels is rejected, so hostile input can't drive
unbounded recursion. AMF3 values (the AVM+ switch marker) are not
supported and decode to an error.
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        value()
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        decode(binary)

      


        Decodes one AMF0 value from the front of binary.



    


    
      
        decode_all(binary)

      


        Decodes every AMF0 value in binary, which must contain nothing else.



    


    
      
        encode(value)

      


        Encodes one value. Raises ArgumentError for terms with no AMF0 mapping —
encoding is only ever done on your own data, never on network input.



    


    
      
        encode_all(values)

      


        Encodes a list of values back to back, the way command messages are laid out.



    


    
      
        max_depth()

      


        Maximum nesting depth accepted when decoding.
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      value()



        
          
        

    

  


  

      

          @type value() ::
  float()
  | :nan
  | :infinity
  | :neg_infinity
  | boolean()
  | binary()
  | map()
  | list()
  | nil
  | :undefined
  | :unsupported
  | DateTime.t()
  | {:ecma_array, map()}
  | {:typed_object, binary(), map()}
  | {:xml, binary()}
  | {:reference, non_neg_integer()}


      



  


        

      

      
        Functions


        


  
    
      
    
    
      decode(binary)



        
          
        

    

  


  

      

          @spec decode(binary()) :: {:ok, value(), binary()} | {:error, term()}


      


Decodes one AMF0 value from the front of binary.
Returns {:ok, value, rest} or {:error, reason}.

  



  
    
      
    
    
      decode_all(binary)



        
          
        

    

  


  

      

          @spec decode_all(binary()) :: {:ok, [value()]} | {:error, term()}


      


Decodes every AMF0 value in binary, which must contain nothing else.

  



  
    
      
    
    
      encode(value)



        
          
        

    

  


  

      

          @spec encode(value()) :: binary()


      


Encodes one value. Raises ArgumentError for terms with no AMF0 mapping —
encoding is only ever done on your own data, never on network input.

  



  
    
      
    
    
      encode_all(values)



        
          
        

    

  


  

      

          @spec encode_all([value()]) :: binary()


      


Encodes a list of values back to back, the way command messages are laid out.

  



  
    
      
    
    
      max_depth()



        
          
        

    

  


  

      

          @spec max_depth() :: pos_integer()


      


Maximum nesting depth accepted when decoding.

  


        

      


  

    
RTMP.ChunkStream 
    



      
The RTMP chunk stream layer: splits a byte stream into chunks and
reassembles them into messages (parse/2), and does the reverse for
outgoing messages (encode/6).
Handles every chunk header format (fmt 0–3), all three basic-header
widths (chunk stream IDs 2–65599), extended timestamps, and chunks from
different chunk streams arriving interleaved — encoders routinely put an
audio message between two chunks of a video message.
The two protocol control messages that change how chunks are framed are
applied here, the moment they're parsed, so they take effect for the very
next chunk in the same buffer:
	Set Chunk Size (type 1)
	Abort Message (type 2)

They are not returned to the caller. Every other message is.
Timestamps
Message timestamps are RTMP's 32-bit millisecond timestamps and wrap at
2^32 (about 49.7 days). A fmt 3 header that starts a new message reuses
the previous header's timestamp field as its delta, matching how FFmpeg
and librtmp write such headers.
Extended timestamps on continuation chunks
The spec says a fmt 3 continuation chunk repeats the 4-byte extended
timestamp when the message's header used one; some older encoders don't.
Continuation chunks are handled the way SRS and nginx-rtmp do it: the 4
bytes are consumed only if they equal the timestamp from the message's
header. A new message started with fmt 3 always carries them.
Limits
Enforces max_chunk_size, max_message_size, max_chunk_streams and
max_buffered_bytes from RTMP.Limits. Any violation — or any header
that can't be valid — returns {:error, reason}; nothing here raises on
network input.
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        chunk_size(chunk_stream)

      


        The chunk size currently used for incoming chunks.



    


    
      
        encode(csid, type_id, stream_id, timestamp, payload, chunk_size)

      


        Encodes one message as chunks: a fmt 0 header for the first chunk, fmt 3
for every continuation.



    


    
      
        new(limits \\ %Limits{})

      


        Creates a parser with the default chunk size of 128 bytes.



    


    
      
        parse(cs, buffer)

      


        Parses as many complete chunks as buffer holds.
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      t()



        
          
        

    

  


  

      

          @type t() :: %RTMP.ChunkStream{
  buffered: non_neg_integer(),
  chunk_size: pos_integer(),
  limits: RTMP.Limits.t(),
  streams: %{optional(pos_integer()) => map()}
}


      



  


        

      

      
        Functions


        


  
    
      
    
    
      chunk_size(chunk_stream)



        
          
        

    

  


  

      

          @spec chunk_size(t()) :: pos_integer()


      


The chunk size currently used for incoming chunks.

  



  
    
      
    
    
      encode(csid, type_id, stream_id, timestamp, payload, chunk_size)



        
          
        

    

  


  

      

          @spec encode(
  csid :: pos_integer(),
  type_id :: byte(),
  stream_id :: non_neg_integer(),
  timestamp :: non_neg_integer(),
  payload :: iodata(),
  chunk_size :: pos_integer()
) :: iodata()


      


Encodes one message as chunks: a fmt 0 header for the first chunk, fmt 3
for every continuation.
csid must be in 2..65599. Returns iodata ready to write to the socket.

  



    

  
    
      
    
    
      new(limits \\ %Limits{})



        
          
        

    

  


  

      

          @spec new(RTMP.Limits.t()) :: t()


      


Creates a parser with the default chunk size of 128 bytes.

  



  
    
      
    
    
      parse(cs, buffer)



        
          
        

    

  


  

      

          @spec parse(t(), binary()) ::
  {:ok, [RTMP.ChunkStream.Message.t()], t(), binary()}
  | {:error, term(), [RTMP.ChunkStream.Message.t()]}


      


Parses as many complete chunks as buffer holds.
Returns {:ok, messages, state, rest} where messages are the messages
completed by those chunks (in order) and rest is the unconsumed tail —
an incomplete chunk to be retried once more data arrives.
Returns {:error, reason, messages} on a protocol violation or limit
breach, where messages are those completed before the offending
chunk. They're returned so the outcome doesn't depend on how TCP happened
to split the bytes: a frame that fully arrived is delivered whether or
not the garbage after it shared its read. The stream can't be
resynchronised after an error and the connection should be closed.

  


        

      


  

    
RTMP.Commands 
    



      
RTMP command messages (connect, createStream, publish, ...) and data
messages (@setDataFrame / onMetaData).
A command message is a sequence of AMF0 values: the command name, a
transaction id, a command object (or null), then command-specific
arguments. parse/2 decodes one into a RTMP.Commands.Command; the
builder functions return AMF0 payloads for the responses a server sends.
Message types 17 (AMF3 command) and 15 (AMF3 data) are accepted when their
body is the common "format byte 0x00, then AMF0" layout some clients use.
Real AMF3-encoded values are not supported.
The response shapes follow what Flash Media Server, nginx-rtmp and SRS
send, since that's what OBS and FFmpeg are tested against.
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        connect_rejected(transaction_id, description)

      


        _error rejecting a connect.



    


    
      
        connect_result(transaction_id, object_encoding \\ 0)

      


        _result for a successful connect.



    


    
      
        create_stream_result(transaction_id, stream_id)

      


        _result for createStream, carrying the new message stream id.



    


    
      
        error(transaction_id, code, description)

      


        A bare _error for a command the server won't perform.



    


    
      
        is_command(type_id)

      


        True for message type ids that carry commands (17, 20).



    


    
      
        is_data(type_id)

      


        True for message type ids that carry data messages (15, 18).



    


    
      
        on_fc_publish(stream_key)

      


        onFCPublish, which some clients wait for after FCPublish.



    


    
      
        on_status(level, code, description)

      


        onStatus on a message stream, e.g.
on_status("status", "NetStream.Publish.Start", "Publishing live.").



    


    
      
        parse(type_id, payload)

      


        Decodes a command message payload (message type 17 or 20).



    


    
      
        parse_data(type_id, payload)

      


        Decodes a data message payload (message type 15 or 18) into its name and
values, unwrapping @setDataFrame



    


    
      
        result(transaction_id)

      


        A bare _result (used for releaseStream and FCPublish).
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      connect_rejected(transaction_id, description)



        
          
        

    

  


  

      

          @spec connect_rejected(number(), binary()) :: binary()


      


_error rejecting a connect.

  



    

  
    
      
    
    
      connect_result(transaction_id, object_encoding \\ 0)



        
          
        

    

  


  

      

          @spec connect_result(number(), number()) :: binary()


      


_result for a successful connect.

  



  
    
      
    
    
      create_stream_result(transaction_id, stream_id)



        
          
        

    

  


  

      

          @spec create_stream_result(number(), non_neg_integer()) :: binary()


      


_result for createStream, carrying the new message stream id.

  



  
    
      
    
    
      error(transaction_id, code, description)



        
          
        

    

  


  

      

          @spec error(number(), binary(), binary()) :: binary()


      


A bare _error for a command the server won't perform.

  



  
    
      
    
    
      is_command(type_id)


        (macro)


        
          
        

    

  


  

True for message type ids that carry commands (17, 20).

  



  
    
      
    
    
      is_data(type_id)


        (macro)


        
          
        

    

  


  

True for message type ids that carry data messages (15, 18).

  



  
    
      
    
    
      on_fc_publish(stream_key)



        
          
        

    

  


  

      

          @spec on_fc_publish(binary()) :: binary()


      


onFCPublish, which some clients wait for after FCPublish.

  



  
    
      
    
    
      on_status(level, code, description)



        
          
        

    

  


  

      

          @spec on_status(binary(), binary(), binary()) :: binary()


      


onStatus on a message stream, e.g.
on_status("status", "NetStream.Publish.Start", "Publishing live.").

  



  
    
      
    
    
      parse(type_id, payload)



        
          
        

    

  


  

      

          @spec parse(byte(), binary()) :: {:ok, RTMP.Commands.Command.t()} | {:error, term()}


      


Decodes a command message payload (message type 17 or 20).

  



  
    
      
    
    
      parse_data(type_id, payload)



        
          
        

    

  


  

      

          @spec parse_data(byte(), binary()) ::
  {:ok, binary(), [RTMP.AMF0.value()]} | {:error, term()}


      


Decodes a data message payload (message type 15 or 18) into its name and
values, unwrapping @setDataFrame:
@setDataFrame("onMetaData", {...})  ->  {:ok, "onMetaData", [%{...}]}
onMetaData({...})                   ->  {:ok, "onMetaData", [%{...}]}

  



  
    
      
    
    
      result(transaction_id)



        
          
        

    

  


  

      

          @spec result(number()) :: binary()


      


A bare _result (used for releaseStream and FCPublish).

  


        

      


  

    
RTMP.ControlMessages 
    



      
Protocol control messages (message types 1–6) and User Control events.
parse/2 decodes an incoming control message payload; the builder
functions return {type_id, payload} for outgoing ones, which are sent on
chunk stream 2, message stream 0.
Set Chunk Size (1) and Abort (2) affect chunk framing and are applied by
RTMP.ChunkStream itself as soon as they arrive; parse/2 still
understands them for completeness.
User Control events
	Event	Id	Payload
	Stream Begin	0	stream id
	Stream EOF	1	stream id
	Stream Dry	2	stream id
	Set Buffer Length	3	stream id, buffer ms
	Stream Is Recorded	4	stream id
	Ping Request	6	timestamp
	Ping Response	7	timestamp
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        limit_type()

      


    


    
      
        t()

      


    


    
      
        user_control_event()
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        acknowledgement(sequence)

      


    


    
      
        is_control(type_id)

      


        True for message type ids 1–6.



    


    
      
        parse(type_id, arg2)

      


        Decodes a protocol control message payload.



    


    
      
        ping_request(timestamp)

      


    


    
      
        ping_response(timestamp)

      


    


    
      
        set_chunk_size(size)

      


    


    
      
        set_peer_bandwidth(size, limit_type \\ :dynamic)

      


    


    
      
        stream_begin(stream_id)

      


    


    
      
        stream_eof(stream_id)

      


    


    
      
        window_ack_size(size)
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          @type limit_type() :: :hard | :soft | :dynamic


      



  



  
    
      
    
    
      t()



        
          
        

    

  


  

      

          @type t() ::
  {:set_chunk_size, pos_integer()}
  | {:abort, non_neg_integer()}
  | {:acknowledgement, non_neg_integer()}
  | {:user_control, user_control_event()}
  | {:window_ack_size, non_neg_integer()}
  | {:set_peer_bandwidth, non_neg_integer(), limit_type()}


      



  



  
    
      
    
    
      user_control_event()



        
          
        

    

  


  

      

          @type user_control_event() ::
  {:stream_begin, non_neg_integer()}
  | {:stream_eof, non_neg_integer()}
  | {:stream_dry, non_neg_integer()}
  | {:set_buffer_length, non_neg_integer(), non_neg_integer()}
  | {:stream_is_recorded, non_neg_integer()}
  | {:ping_request, non_neg_integer()}
  | {:ping_response, non_neg_integer()}
  | {:unknown, non_neg_integer(), binary()}
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      acknowledgement(sequence)



        
          
        

    

  


  

      

          @spec acknowledgement(non_neg_integer()) :: {byte(), binary()}


      



  



  
    
      
    
    
      is_control(type_id)


        (macro)


        
          
        

    

  


  

True for message type ids 1–6.

  



  
    
      
    
    
      parse(type_id, arg2)



        
          
        

    

  


  

      

          @spec parse(byte(), binary()) :: {:ok, t()} | {:error, term()}


      


Decodes a protocol control message payload.

  



  
    
      
    
    
      ping_request(timestamp)



        
          
        

    

  


  

      

          @spec ping_request(non_neg_integer()) :: {byte(), binary()}


      



  



  
    
      
    
    
      ping_response(timestamp)



        
          
        

    

  


  

      

          @spec ping_response(non_neg_integer()) :: {byte(), binary()}


      



  



  
    
      
    
    
      set_chunk_size(size)



        
          
        

    

  


  

      

          @spec set_chunk_size(pos_integer()) :: {byte(), binary()}


      



  



    

  
    
      
    
    
      set_peer_bandwidth(size, limit_type \\ :dynamic)



        
          
        

    

  


  

      

          @spec set_peer_bandwidth(non_neg_integer(), limit_type()) :: {byte(), binary()}


      



  



  
    
      
    
    
      stream_begin(stream_id)



        
          
        

    

  


  

      

          @spec stream_begin(non_neg_integer()) :: {byte(), binary()}


      



  



  
    
      
    
    
      stream_eof(stream_id)



        
          
        

    

  


  

      

          @spec stream_eof(non_neg_integer()) :: {byte(), binary()}


      



  



  
    
      
    
    
      window_ack_size(size)



        
          
        

    

  


  

      

          @spec window_ack_size(non_neg_integer()) :: {byte(), binary()}


      



  


        

      


  

    
RTMP.Handshake 
    



      
The simple (non-digest) RTMP handshake, server side.
The client sends C0 (one version byte) and C1 (1536 bytes); the server
answers with S0 and S1 as soon as C0 arrives, and S2 (an echo of C1) once
C1 arrives; the client finishes with C2 (1536 bytes, an echo of S1).
After C2 the connection speaks the chunk stream protocol.
S0/S1 are sent on C0 alone rather than waiting for C1 — the spec allows
either, and answering early means a client that waits for S1 before
sending C1 can't deadlock against us.
Only the simple handshake is supported. The HMAC "digest" handshake used
by some Flash-era clients is not — modern encoders (OBS, FFmpeg, vMix,
hardware encoders) use the simple one. Encrypted RTMPE (version byte 6)
is rejected.
This module is a pure state machine: feed it bytes with feed/2, send
whatever it hands back, and stop once it returns {:done, ...}. Timeouts
are the caller's job (RTMP.Connection applies one per step).
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        step()

      


        Which client message the server is currently waiting for.



    


    
      
        t()

      


    





  
    Functions
  


    
      
        feed(hs, data)

      


        Feeds received bytes into the handshake.



    


    
      
        new()

      


    


    
      
        packet_size()

      


        Size in bytes of C1, C2, S1 and S2.



    





      


      
        Types
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          @type step() :: :c0 | :c1 | :c2


      


Which client message the server is currently waiting for.

  



  
    
      
    
    
      t()



        
          
        

    

  


  

      

          @type t() :: %RTMP.Handshake{buffer: binary(), step: step()}


      



  


        

      

      
        Functions


        


  
    
      
    
    
      feed(hs, data)



        
          
        

    

  


  

      

          @spec feed(t(), binary()) ::
  {:more, t(), iodata()} | {:done, binary(), iodata()} | {:error, term()}


      


Feeds received bytes into the handshake.
Returns:
	{:more, hs, to_send} — need more bytes; send to_send (may be empty).
	{:done, rest, to_send} — handshake complete; rest is any data
that arrived after C2 and belongs to the chunk stream.
	{:error, reason} — the client sent something that isn't a valid
simple handshake.
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          @spec new() :: t()
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          @spec packet_size() :: pos_integer()


      


Size in bytes of C1, C2, S1 and S2.

  


        

      


  

    
RTMP.FLV.AudioTag 
    



      
Parses the body of an RTMP audio message (an FLV audio tag body).
AAC is parsed: the sequence header's AudioSpecificConfig is decoded into
%{object_type: ..., sample_rate: ..., channels: ...} and raw frames are
delivered as-is. Every other legacy FLV sound format (MP3, Speex, PCM,
Nellymoser, G.711, ...) is passed through unparsed, with the FLV header's
rate/size/channel fields in :config.
Enhanced RTMP audio (sound format 9, the "ExHeader" used for Opus, FLAC,
AC-3 and multitrack audio) is not supported and is reported as
{:unsupported, reason} so the connection can reject it cleanly instead
of handing out frames nobody can decode.
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    Functions
  


    
      
        parse(arg)

      


        Parses an audio message payload into RTMP.Frame fields.



    


    
      
        parse_audio_specific_config(config)

      


        Decodes an AAC AudioSpecificConfig (ISO 14496-3, 1.6.2.1).
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          @type result() :: {:ok, map()} | :skip | {:error, term()} | {:unsupported, term()}


      



  


        

      

      
        Functions
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          @spec parse(binary()) :: result()


      


Parses an audio message payload into RTMP.Frame fields.
Returns {:ok, fields}, :skip (an empty message — nothing to deliver),
{:error, reason} (malformed; drop this frame), or
{:unsupported, reason} (a codec this library rejects).
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          @spec parse_audio_specific_config(binary()) :: {:ok, map()} | {:error, term()}


      


Decodes an AAC AudioSpecificConfig (ISO 14496-3, 1.6.2.1).
Returns %{object_type: integer, sample_rate: integer, channels: integer}.
channels is the raw channel configuration; 0 means the layout is
defined in a program config element.

  


        

      


  

    
RTMP.FLV.Metadata 
    



      
Extracts onMetaData from RTMP data messages.
Encoders send stream metadata (resolution, frame rate, codecs, bitrates,
encoder name) as a data message, usually wrapped as
@setDataFrame("onMetaData", {...}) and sometimes as a bare
onMetaData({...}). Both are accepted. The result is a map with the
encoder's own keys, e.g.:
%{"width" => 1920.0, "height" => 1080.0, "framerate" => 30.0,
  "videocodecid" => 7.0, "audiocodecid" => 10.0,
  "encoder" => "Lavf61.7.100"}
Numbers are floats (AMF0 has no integer type). Other data messages
(onTextData, onCuePoint, ...) are ignored.
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        parse(type_id, payload)

      


        Returns {:ok, metadata}, :ignore for other data messages, or {:error, reason}.
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          @spec parse(byte(), binary()) :: {:ok, map()} | :ignore | {:error, term()}


      


Returns {:ok, metadata}, :ignore for other data messages, or {:error, reason}.

  


        

      


  

    
RTMP.FLV.VideoTag 
    



      
Parses the body of an RTMP video message (an FLV video tag body).
H.264 (FLV codec id 7) is parsed:
	The sequence header's AVCDecoderConfigurationRecord is decoded into
%{profile: ..., compatibility: ..., level: ..., nalu_length_size: ..., sps: [binary], pps: [binary]}.
	Media frames carry their composition time offset and are split into
NAL units, using the NALU length size from the most recent sequence
header (4 until one arrives).
	End-of-sequence packets are skipped.

Other legacy FLV video codecs (Sorenson H.263, VP6, Screen Video, ...)
are passed through unparsed. Video info/command frames (frame type 5)
are skipped.
Enhanced RTMP video (the IsExHeader bit — HEVC, AV1, VP9 via FourCC) is
not supported and is reported as {:unsupported, reason} so the
connection can reject it cleanly.
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    Functions
  


    
      
        parse(payload, nalu_length_size \\ 4)

      


        Parses a video message payload into RTMP.Frame fields.



    


    
      
        parse_avc_decoder_config(arg1)

      


        Decodes an AVCDecoderConfigurationRecord (ISO 14496-15, 5.2.4.1).



    


    
      
        split_nalus(data, size)

      


        Splits length-prefixed (AVCC) NAL units. size is the prefix length in bytes.
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          @type result() :: {:ok, map()} | :skip | {:error, term()} | {:unsupported, term()}
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      parse(payload, nalu_length_size \\ 4)



        
          
        

    

  


  

      

          @spec parse(binary(), 1..4) :: result()


      


Parses a video message payload into RTMP.Frame fields.
nalu_length_size is the length-prefix size from the stream's current
AVCDecoderConfigurationRecord.

  



  
    
      
    
    
      parse_avc_decoder_config(arg1)



        
          
        

    

  


  

      

          @spec parse_avc_decoder_config(binary()) :: {:ok, map()} | {:error, term()}


      


Decodes an AVCDecoderConfigurationRecord (ISO 14496-15, 5.2.4.1).

  



  
    
      
    
    
      split_nalus(data, size)



        
          
        

    

  


  

      

          @spec split_nalus(binary(), 1..4) ::
  {:ok, [binary()]} | {:error, :invalid_nalu_length}


      


Splits length-prefixed (AVCC) NAL units. size is the prefix length in bytes.
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