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Membrane Plugin for sending and receiving streams via WebRTC. It's based on ex_webrtc.
It's a part of the Membrane Framework.
Installation
The package can be installed by adding membrane_webrtc_plugin to your list of dependencies in mix.exs:
def deps do
  [
    {:membrane_webrtc_plugin, "~> 0.26.7"}
  ]
end
Demos
The examples directory shows how to send and receive streams from a web browser.
There are the following three demos:
	live_view - a simple Phoenix LiveView project using Membrane.WebRTC.Live.Player and Membrane.WebRTC.Live.Capture to echo video stream
captured from the user's browser.
	phoenix_signaling - showcasing simple Phoenix application that uses Membrane.WebRTC.PhoenixSignaling to echo stream captured
from the user's browser and sent via WebRTC. See assets/phoenix_signaling/README.md for details on how to run the demo.
	webrtc_signaling - it consists of two scripts: file_to_browser.exs and browser_to_file.exs. The first one displays the stream from
the fixture file in the user's browser. The latter captures the user's camera input from the browser and saves it in the file.
To run one of these demos, type: elixir <script_name> and visit http://localhost:4000.

Exchanging Signaling Messages
To establish a WebRTC connection you have to exchange WebRTC signaling messages between peers.
In membrane_webrtc_plugin it can be done by the user, with Membrane.WebRTC.Signaling or by passing WebSocket address to
Membrane.WebRTC.Source or Membrane.WebRTC.Sink, but there are two additional ways of doing it, dedicated to be used within
Phoenix projects:
	The first one is to use Membrane.WebRTC.PhoenixSignaling along with Membrane.WebRTC.PhoenixSignaling.Socket
	The second one is to use Phoenix.LiveView Membrane.WebRTC.Live.Player or Membrane.WebRTC.Live.Capture. These modules expect
Membrane.WebRTC.Signaling.t/0 as an argument and take advantage of WebSocket used by Phoenix.LiveView to exchange WebRTC
signaling messages, so there is no need to add any code to handle signaling messages.

How to use Membrane.WebRTC.PhoenixSignaling in your own Phoenix project?
The see the full example, visit example/phoenix_signaling.
	Create a new socket in your application endpoint, using the Membrane.WebRTC.PhoenixSignaling.Socket, for instance at /signaling path:socket "/signaling", Membrane.WebRTC.PhoenixSignaling.Socket,
websocket: true,
longpoll: false

	Create a Phoenix signaling channel with the desired signaling ID and use it as Membrane.WebRTC.Signaling.t()
for Membrane.WebRTC.Source, Membrane.WebRTC.Sink or Boombox:signaling = Membrane.WebRTC.PhoenixSignaling.new("<signaling_id>")

# use it with Membrane.WebRTC.Source:
child(:webrtc_source, %Membrane.WebRTC.Source{signaling: signaling})
|> ...

# or with Membrane.WebRTC.Sink:
...
|> child(:webrtc_sink, %Membrane.WebRTC.Sink{signaling: signaling})

# or with Boombox:
Boombox.run(
input: {:webrtc, signaling},
output: ...
)


Please note that signaling_id is expected to be globally unique for each WebRTC connection about to be
estabilished. You can, for instance:
	Generate a unique id with :uuid package and assign it to the connection in the page controller:
unique_id = UUID.uuid4()
render(conn, :home, layout: false, signaling_id: unique_id)

	Generate HTML based on HEEx template, using the previously set assign:
<video id="videoPlayer" controls muted autoplay signaling_id={@signaling_id}></video>

	Access it in your client code:
const videoPlayer = document.getElementById('videoPlayer');
const signalingId = videoPlayer.getAttribute('signaling_id');



	Use the Phoenix Socket to exchange WebRTC signaling data.let socket = new Socket("/signaling", {params: {token: window.userToken}})
socket.connect()
let channel = socket.channel('<signaling_id>')
channel.join()
.receive("ok", resp => { console.log("Signaling socket joined successfully", resp)
 // here you can exchange WebRTC data
})
.receive("error", resp => { console.log("Unable to join signaling socket", resp) })


Visit examples/phoenix_signaling/assets/js/signaling.js to see how WebRTC signaling messages exchange might look like.
Integrating Phoenix.LiveView with Membrane WebRTC Plugin
membrane_webrtc_plugin comes with two Phoenix.LiveViews:
	Membrane.WebRTC.Live.Capture - exchanges WebRTC signaling messages between Membrane.WebRTC.Source and the browser. It
expects the same Membrane.WebRTC.Signaling that has been passed to the related Membrane.WebRTC.Source. As a result,
Membrane.Webrtc.Source will return the media stream captured from the browser, where Membrane.WebRTC.Live.Capture has been
rendered.
	Membrane.WebRTC.Live.Player - exchanges WebRTC signaling messages between Membrane.WebRTC.Sink and the browser. It
expects the same Membrane.WebRTC.Signaling that has been passed to the related Membrane.WebRTC.Sink. As a result,
Membrane.WebRTC.Live.Player will play media streams passed to the related Membrane.WebRTC.Sink. Currently supports up
to one video stream and up to one audio stream.

Usage
To use Phoenix.LiveViews from this repository, you have to use related JS hooks. To do so, add the following code snippet to assets/js/app.js
import { createCaptureHook, createPlayerHook } from "membrane_webrtc_plugin";

let Hooks = {};
const iceServers = [{ urls: "stun:stun.l.google.com:19302" }];
Hooks.Capture = createCaptureHook(iceServers);
Hooks.Player = createPlayerHook(iceServers);
and add Hooks to the WebSocket constructor. It can be done in the following way:
new LiveSocket("/live", Socket, {
  params: SomeParams,
  hooks: Hooks,
});
To see the full usage example, you can go to examples/live_view/ directory in this repository (take a look especially at examples/live_view/assets/js/app.js and examples/live_view/lib/example_project_web/live_views/echo.ex).
Copyright and License
Copyright 2020, Software Mansion
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Licensed under the Apache License, Version 2.0


  

    LICENSE


                                 Apache License
                           Version 2.0, January 2004
                        http://www.apache.org/licenses/

   TERMS AND CONDITIONS FOR USE, REPRODUCTION, AND DISTRIBUTION

   1. Definitions.

      "License" shall mean the terms and conditions for use, reproduction,
      and distribution as defined by Sections 1 through 9 of this document.

      "Licensor" shall mean the copyright owner or entity authorized by
      the copyright owner that is granting the License.

      "Legal Entity" shall mean the union of the acting entity and all
      other entities that control, are controlled by, or are under common
      control with that entity. For the purposes of this definition,
      "control" means (i) the power, direct or indirect, to cause the
      direction or management of such entity, whether by contract or
      otherwise, or (ii) ownership of fifty percent (50%) or more of the
      outstanding shares, or (iii) beneficial ownership of such entity.

      "You" (or "Your") shall mean an individual or Legal Entity
      exercising permissions granted by this License.

      "Source" form shall mean the preferred form for making modifications,
      including but not limited to software source code, documentation
      source, and configuration files.

      "Object" form shall mean any form resulting from mechanical
      transformation or translation of a Source form, including but
      not limited to compiled object code, generated documentation,
      and conversions to other media types.

      "Work" shall mean the work of authorship, whether in Source or
      Object form, made available under the License, as indicated by a
      copyright notice that is included in or attached to the work
      (an example is provided in the Appendix below).

      "Derivative Works" shall mean any work, whether in Source or Object
      form, that is based on (or derived from) the Work and for which the
      editorial revisions, annotations, elaborations, or other modifications
      represent, as a whole, an original work of authorship. For the purposes
      of this License, Derivative Works shall not include works that remain
      separable from, or merely link (or bind by name) to the interfaces of,
      the Work and Derivative Works thereof.

      "Contribution" shall mean any work of authorship, including
      the original version of the Work and any modifications or additions
      to that Work or Derivative Works thereof, that is intentionally
      submitted to Licensor for inclusion in the Work by the copyright owner
      or by an individual or Legal Entity authorized to submit on behalf of
      the copyright owner. For the purposes of this definition, "submitted"
      means any form of electronic, verbal, or written communication sent
      to the Licensor or its representatives, including but not limited to
      communication on electronic mailing lists, source code control systems,
      and issue tracking systems that are managed by, or on behalf of, the
      Licensor for the purpose of discussing and improving the Work, but
      excluding communication that is conspicuously marked or otherwise
      designated in writing by the copyright owner as "Not a Contribution."

      "Contributor" shall mean Licensor and any individual or Legal Entity
      on behalf of whom a Contribution has been received by Licensor and
      subsequently incorporated within the Work.

   2. Grant of Copyright License. Subject to the terms and conditions of
      this License, each Contributor hereby grants to You a perpetual,
      worldwide, non-exclusive, no-charge, royalty-free, irrevocable
      copyright license to reproduce, prepare Derivative Works of,
      publicly display, publicly perform, sublicense, and distribute the
      Work and such Derivative Works in Source or Object form.

   3. Grant of Patent License. Subject to the terms and conditions of
      this License, each Contributor hereby grants to You a perpetual,
      worldwide, non-exclusive, no-charge, royalty-free, irrevocable
      (except as stated in this section) patent license to make, have made,
      use, offer to sell, sell, import, and otherwise transfer the Work,
      where such license applies only to those patent claims licensable
      by such Contributor that are necessarily infringed by their
      Contribution(s) alone or by combination of their Contribution(s)
      with the Work to which such Contribution(s) was submitted. If You
      institute patent litigation against any entity (including a
      cross-claim or counterclaim in a lawsuit) alleging that the Work
      or a Contribution incorporated within the Work constitutes direct
      or contributory patent infringement, then any patent licenses
      granted to You under this License for that Work shall terminate
      as of the date such litigation is filed.

   4. Redistribution. You may reproduce and distribute copies of the
      Work or Derivative Works thereof in any medium, with or without
      modifications, and in Source or Object form, provided that You
      meet the following conditions:

      (a) You must give any other recipients of the Work or
          Derivative Works a copy of this License; and

      (b) You must cause any modified files to carry prominent notices
          stating that You changed the files; and

      (c) You must retain, in the Source form of any Derivative Works
          that You distribute, all copyright, patent, trademark, and
          attribution notices from the Source form of the Work,
          excluding those notices that do not pertain to any part of
          the Derivative Works; and

      (d) If the Work includes a "NOTICE" text file as part of its
          distribution, then any Derivative Works that You distribute must
          include a readable copy of the attribution notices contained
          within such NOTICE file, excluding those notices that do not
          pertain to any part of the Derivative Works, in at least one
          of the following places: within a NOTICE text file distributed
          as part of the Derivative Works; within the Source form or
          documentation, if provided along with the Derivative Works; or,
          within a display generated by the Derivative Works, if and
          wherever such third-party notices normally appear. The contents
          of the NOTICE file are for informational purposes only and
          do not modify the License. You may add Your own attribution
          notices within Derivative Works that You distribute, alongside
          or as an addendum to the NOTICE text from the Work, provided
          that such additional attribution notices cannot be construed
          as modifying the License.

      You may add Your own copyright statement to Your modifications and
      may provide additional or different license terms and conditions
      for use, reproduction, or distribution of Your modifications, or
      for any such Derivative Works as a whole, provided Your use,
      reproduction, and distribution of the Work otherwise complies with
      the conditions stated in this License.

   5. Submission of Contributions. Unless You explicitly state otherwise,
      any Contribution intentionally submitted for inclusion in the Work
      by You to the Licensor shall be under the terms and conditions of
      this License, without any additional terms or conditions.
      Notwithstanding the above, nothing herein shall supersede or modify
      the terms of any separate license agreement you may have executed
      with Licensor regarding such Contributions.

   6. Trademarks. This License does not grant permission to use the trade
      names, trademarks, service marks, or product names of the Licensor,
      except as required for reasonable and customary use in describing the
      origin of the Work and reproducing the content of the NOTICE file.

   7. Disclaimer of Warranty. Unless required by applicable law or
      agreed to in writing, Licensor provides the Work (and each
      Contributor provides its Contributions) on an "AS IS" BASIS,
      WITHOUT WARRANTIES OR CONDITIONS OF ANY KIND, either express or
      implied, including, without limitation, any warranties or conditions
      of TITLE, NON-INFRINGEMENT, MERCHANTABILITY, or FITNESS FOR A
      PARTICULAR PURPOSE. You are solely responsible for determining the
      appropriateness of using or redistributing the Work and assume any
      risks associated with Your exercise of permissions under this License.

   8. Limitation of Liability. In no event and under no legal theory,
      whether in tort (including negligence), contract, or otherwise,
      unless required by applicable law (such as deliberate and grossly
      negligent acts) or agreed to in writing, shall any Contributor be
      liable to You for damages, including any direct, indirect, special,
      incidental, or consequential damages of any character arising as a
      result of this License or out of the use or inability to use the
      Work (including but not limited to damages for loss of goodwill,
      work stoppage, computer failure or malfunction, or any and all
      other commercial damages or losses), even if such Contributor
      has been advised of the possibility of such damages.

   9. Accepting Warranty or Additional Liability. While redistributing
      the Work or Derivative Works thereof, You may choose to offer,
      and charge a fee for, acceptance of support, warranty, indemnity,
      or other liability obligations and/or rights consistent with this
      License. However, in accepting such obligations, You may act only
      on Your own behalf and on Your sole responsibility, not on behalf
      of any other Contributor, and only if You agree to indemnify,
      defend, and hold each Contributor harmless for any liability
      incurred by, or claims asserted against, such Contributor by reason
      of your accepting any such warranty or additional liability.

   END OF TERMS AND CONDITIONS

   APPENDIX: How to apply the Apache License to your work.

      To apply the Apache License to your work, attach the following
      boilerplate notice, with the fields enclosed by brackets "[]"
      replaced with your own identifying information. (Don't include
      the brackets!)  The text should be enclosed in the appropriate
      comment syntax for the file format. We also recommend that a
      file or class name and description of purpose be included on the
      same "printed page" as the copyright notice for easier
      identification within third-party archives.

   Copyright 2020 Software Mansion

   Licensed under the Apache License, Version 2.0 (the "License");
   you may not use this file except in compliance with the License.
   You may obtain a copy of the License at

       http://www.apache.org/licenses/LICENSE-2.0

   Unless required by applicable law or agreed to in writing, software
   distributed under the License is distributed on an "AS IS" BASIS,
   WITHOUT WARRANTIES OR CONDITIONS OF ANY KIND, either express or implied.
   See the License for the specific language governing permissions and
   limitations under the License.
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LiveView for capturing audio and video from a browser and sending it via WebRTC to Membrane.WebRTC.Source.
Note: This module will be available in your code only if you add {:phoenix, "~> 1.7"}
and {:phoenix_live_view, "~> 1.0"} to the dependencies of of your root project.
It:
	creates WebRTC PeerConnection on the browser side.
	forwards signaling messages between the browser and Membrane.WebRTC.Source via Membrane.WebRTC.Signaling.
	sends audio and video streams to the related Membrane.WebRTC.Source.

JavaScript Hook
Capture LiveView requires JavaScript hook to be registered under Capture name.
The hook can be created using createCaptureHook function.
For example:
import { createCaptureHook } from "membrane_webrtc_plugin";
let Hooks = {};
const iceServers = [{ urls: "stun:stun.l.google.com:19302" }];
Hooks.Capture = createCaptureHook(iceServers);
let liveSocket = new LiveSocket("/live", Socket, {
  // ...
  hooks: Hooks
});
Examples
defmodule StreamerWeb.StreamSenderLive do
  use StreamerWeb, :live_view

  alias Membrane.WebRTC.Live.Capture

  @impl true
  def render(assigns) do
  ~H"""
  <Capture.live_render socket={@socket} capture_id="capture" />
  """
  end

  @impl true
  def mount(_params, _session, socket) do
    signaling = Membrane.WebRTC.Signaling.new()
    {:ok, _supervisor, _pipelne} = Membrane.Pipeline.start_link(MyPipeline, signaling: signaling)

    socket = socket |> Capture.attach(id: "capture", signaling: signaling)
    {:ok, socket}
  end
end
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    Functions
  


    
      
        attach(socket, opts)

      


        Attaches required hooks and creates Membrane.WebRTC.Live.Capture struct.



    


    
      
        get_attached(socket, id)

      


    


    
      
        live_render(assigns)

      


        Helper function for rendering Capture LiveView.
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          @type t() :: %Membrane.WebRTC.Live.Capture{
  audio?: boolean(),
  id: String.t(),
  preview?: boolean(),
  signaling: Membrane.WebRTC.Signaling.t(),
  video?: boolean()
}


      



  


        

      

      
        Functions


        


  
    
      
    
    
      attach(socket, opts)



        
          
        

    

  


  

      

          @spec attach(Phoenix.LiveView.Socket.t(), Keyword.t()) :: Phoenix.LiveView.Socket.t()


      


Attaches required hooks and creates Membrane.WebRTC.Live.Capture struct.
Created struct is saved in socket's assigns and then
it is sent by an attached hook to a child LiveView process.
Options:
	id - capture id. It is used to identify live view and generated HTML video player. It must be unique
within single page.
	signaling - Membrane.WebRTC.Signaling.t(), that has been passed to Membrane.WebRTC.Source as well.
	video? - if true, the video stream from the computer camera will be captured. Defaults to true.
	audio? - if true, the audio stream from the computer microphone will be captured. Defaults to true.
	preview? - if true, the function Membrane.WebRTC.Live.Capture.live_render/1 will return a video HTML tag
with attached captured video stream. Defaults to true.


  



  
    
      
    
    
      get_attached(socket, id)



        
          
        

    

  


  

      

          @spec get_attached(Phoenix.LiveView.Socket.t(), String.t()) :: t()


      



  



  
    
      
    
    
      live_render(assigns)



        
          
        

    

  


  

Helper function for rendering Capture LiveView.
Attributes
	socket (Phoenix.LiveView.Socket) (required) - Parent live view socket.

	capture_id (:string) (required) - ID of a caputre previously attached to the socket. It has to be the same as the value passed to :id
field Membrane.WebRTC.Live.Capture.attach/2.

	class (:string) - CSS/Tailwind classes for styling. Defaults to "".



  


        

      


  

    
Membrane.WebRTC.Live.Player 
    



      
LiveView for playing audio and video received via WebRTC from Membrane.WebRTC.Sink.
Note: This module will be available in your code only if you add {:phoenix, "~> 1.7"}
and {:phoenix_live_view, "~> 1.0"} to the dependencies of of your root project.
It:
	renders a single HTMLVideoElement.
	creates WebRTC PeerConnection on the browser side.
	forwards signaling messages between the browser and Membrane.WebRTC.Sink via Membrane.WebRTC.Signaling.
	attaches audio and video from the Elixir to the HTMLVideoElement.

JavaScript Hook
Player live view requires JavaScript hook to be registered under Player name.
The hook can be created using createPlayerHook function.
For example:
import { createPlayerHook } from "membrane_webrtc_plugin";
let Hooks = {};
const iceServers = [{ urls: "stun:stun.l.google.com:19302" }];
Hooks.Player = createPlayerHook(iceServers);
let liveSocket = new LiveSocket("/live", Socket, {
  // ...
  hooks: Hooks
});
Examples
defmodule StreamerWeb.StreamViewerLive do
  use StreamerWeb, :live_view

  alias Membrane.WebRTC.Live.Player

  @impl true
  def render(assigns) do
  ~H"""
  <Player.live_render socket={@socket} player_id={"player"} />
  """
  end

  @impl true
  def mount(_params, _session, socket) do
    signaling = Membrane.WebRTC.Signaling.new()
    {:ok, _supervisor, _pipelne} = Membrane.Pipeline.start_link(MyPipeline, signaling: signaling)

    socket = socket |> Player.attach(id: "player", signaling: signaling)
    {:ok, socket}
  end
end
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        attach(socket, opts)

      


          Attaches required hooks and creates Membrane.WebRTC.Live.Player struct.



    


    
      
        get_attached(socket, id)

      


    


    
      
        live_render(assigns)

      


        Helper function for rendering Player live view.
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          @type t() :: %Membrane.WebRTC.Live.Player{
  id: String.t(),
  signaling: Membrane.WebRTC.Signaling.t()
}


      



  


        

      

      
        Functions


        


  
    
      
    
    
      attach(socket, opts)



        
          
        

    

  


  

      

          @spec attach(Phoenix.LiveView.Socket.t(), Keyword.t()) :: Phoenix.LiveView.Socket.t()


      


  Attaches required hooks and creates Membrane.WebRTC.Live.Player struct.
Created struct is saved in socket's assigns (in socket.assigns[Membrane.WebRTC.Live.Player][id]) and then
it is sent by an attached hook to a child live view process.
Options:
	id - player id. It is used to identify live view and generated HTML video player. It must be unique
withing single page.
	signaling - Membrane.WebRTC.Signaling.t(), that has been passed to Membrane.WebRTC.Sink as well.


  



  
    
      
    
    
      get_attached(socket, id)



        
          
        

    

  


  

      

          @spec get_attached(Phoenix.LiveView.Socket.t(), String.t()) :: t()
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Helper function for rendering Player live view.
Attributes
	socket (Phoenix.LiveView.Socket) (required) - Parent live view socket.

	player_id (:string) (required) - ID of a player previously attached to the socket. It has to be the same as the value passed to :id
field Membrane.WebRTC.Live.Player.attach/2.

	class (:string) - CSS/Tailwind classes for styling. Defaults to nil.



  


        

      


  

    
Membrane.WebRTC.PhoenixSignaling 
    



      
Provides signaling capabilities for WebRTC connections through Phoenix channels.

      


      
        Summary


  
    Types
  


    
      
        signaling_id()

      


        A type representing an unique identifier that is used to distinguish between different Phoenix Signaling
instances.



    





  
    Functions
  


    
      
        new(signaling_id)

      


        Returns an instance of a Phoenix Signaling associated with given signaling ID.



    


    
      
        register_channel(signaling_id, channel_pid \\ nil)

      


        Registers Phoenix.Channel process as WebRTC signaling peer
so that it can send and receive signaling messages.



    


    
      
        signal(signaling_id, msg)

      


        Sends a signal message via the Phoenix Signaling instance associated with given signaling ID.
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          @type signaling_id() :: String.t()


      


A type representing an unique identifier that is used to distinguish between different Phoenix Signaling
instances.
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          @spec new(signaling_id()) :: Membrane.WebRTC.Signaling.t()


      


Returns an instance of a Phoenix Signaling associated with given signaling ID.

  



    

  
    
      
    
    
      register_channel(signaling_id, channel_pid \\ nil)



        
          
        

    

  


  

      

          @spec register_channel(signaling_id(), pid() | nil) :: :ok


      


Registers Phoenix.Channel process as WebRTC signaling peer
so that it can send and receive signaling messages.

  



  
    
      
    
    
      signal(signaling_id, msg)



        
          
        

    

  


  

      

          @spec signal(signaling_id(), Membrane.WebRTC.Signaling.message_content()) ::
  :ok | no_return()


      


Sends a signal message via the Phoenix Signaling instance associated with given signaling ID.

  


        

      


  

    
Membrane.WebRTC.PhoenixSignaling.Socket 
    



      
Phoenix Socket implementation which redirects all topics to a
Phoenix Channel capable of processing WebRTC signaling messages.
Note: This module will be available in your code only if you add :phoenix
to the dependencies of of your root project.
To use PhoenixSignaling, you need to:
	Create Socket in your application endpoint, for instance:socket "/signaling", Membrane.WebRTC.PhoenixSignaling.Socket,
websocket: true,
longpoll: false

	Create a Phoenix signaling channel with desired signaling ID and use it as Membrane.WebRTC.Signaling.t()
for Membrane.WebRTC.Source, Membrane.WebRTC.Sink or Boombox:signaling = Membrane.WebRTC.PhoenixSignaling.new("<signaling_id>")

# use it with Membrane.WebRTC.Source:
child(:webrtc_source, %Membrane.WebRTC.Source{signaling: signaling})
|> ...

# or with Membrane.WebRTC.Sink:
...
|> child(:webrtc_sink, %Membrane.WebRTC.Sink{signaling: signaling})

# or with Boombox:
Boombox.run(
input: {:webrtc, signaling},
output: ...
)

	Create signaling channel with desired signaling ID:signaling = PhoenixSignaling.new("signaling_id")

	Use the Phoenix Socket to exchange WebRTC signaling data:let socket = new Socket("/singaling", {params: {token: window.userToken}})
socket.connect()
let channel = socket.channel('signaling_id')
channel.join()
.receive("ok", resp => { console.log("Joined successfully", resp)
 // here you can exchange WebRTC data
})
.receive("error", resp => { console.log("Unable to join", resp) })




      




  

    
Membrane.WebRTC.Signaling 
    



      
Signaling channel for sending WebRTC signaling messages between Membrane elements
and other WebRTC peers.
The flow of using the signaling channel is the following:
	Create it with new/0.
	Register the peer process (the one to send and receive signaling messages)
with register_peer/2.
	Pass the signaling to Membrane.WebRTC.Source or Membrane.WebRTC.Sink (this
can also be done before the call to register_peer/2).
	Send and receive signaling messages. Messages can be sent by calling signal/2.
The signaling channel sends message/0 to the peer.
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        ex_webrtc_message()

      


        Messages sent and received if message_format is ex_webrtc.



    


    
      
        json_data_message()

      


        Messages sent and received if message_format is json_data.



    


    
      
        message()

      


        Messages sent by the signaling channel to the peer.



    


    
      
        message_content()

      


        Messages that the peer sends with signal/2 and receives in message/0.



    


    
      
        t()

      


    





  
    Functions
  


    
      
        child_spec(init_arg)

      


        Returns a specification to start this module under a supervisor.



    


    
      
        close(signaling)

      


    


    
      
        new()

      


        Spawns Signaling GenServer and wraps it in a struct.



    


    
      
        new(signaling_pid)

      


        Wraps spawned Signaling GenServer in a struct.



    


    
      
        register_peer(signaling, opts \\ [])

      


        Registers a process as a peer, so that it can send and receive signaling messages.



    


    
      
        signal(signaling, message, metadata \\ %{})

      


        Sends a signaling message to the signaling channel.



    


    
      
        start()

      


        Spawns Signaling GenServer and wraps it in a struct, without linking to the caller.



    


    
      
        start_link(init_arg)

      


        Starts and links a Signaling GenServer.



    





      


      
        Types


        


  
    
      
    
    
      ex_webrtc_message()



        
          
        

    

  


  

      

          @type ex_webrtc_message() ::
  ExWebRTC.ICECandidate.t() | ExWebRTC.SessionDescription.t()


      


Messages sent and received if message_format is ex_webrtc.

  



  
    
      
    
    
      json_data_message()



        
          
        

    

  


  

      

          @type json_data_message() :: %{required(String.t()) => term()}


      


Messages sent and received if message_format is json_data.
The keys and values are the following
	%{"type" => "sdp_offer", "data" => data}, where data is the return value of
ExWebRTC.SessionDescription.to_json/1 or RTCPeerConnection.create_offer in the JavaScript API
	%{"type" => "sdp_answer", "data" => data}, where data is the return value of
ExWebRTC.SessionDescription.to_json/1 or RTCPeerConnection.create_answer in the JavaScript API
	%{"type" => "ice_candidate", "data" => data}, where data is the return value of
ExWebRTC.ICECandidate.to_json/1 or event.candidate from the RTCPeerConnection.onicecandidate
callback in the JavaScript API.


  



  
    
      
    
    
      message()



        
          
        

    

  


  

      

          @type message() ::
  {:membrane_webrtc_signaling, pid(), message_content(), metadata :: map()}


      


Messages sent by the signaling channel to the peer.

  



  
    
      
    
    
      message_content()



        
          
        

    

  


  

      

          @type message_content() :: ex_webrtc_message() | json_data_message()


      


Messages that the peer sends with signal/2 and receives in message/0.
If the message_format of the peer is ex_webrtc (default), they should be
ex_webrtc_message/0.
If the message_format is json_data, they should be json_data_message/0.
The message_format of the peer can be set in register_peer/2.

  



  
    
      
    
    
      t()



        
          
        

    

  


  

      

          @type t() :: %Membrane.WebRTC.Signaling{pid: pid()}


      



  


        

      

      
        Functions


        


  
    
      
    
    
      child_spec(init_arg)



        
          
        

    

  


  

Returns a specification to start this module under a supervisor.
See Supervisor.

  



  
    
      
    
    
      close(signaling)



        
          
        

    

  


  

      

          @spec close(t()) :: :ok


      



  



  
    
      
    
    
      new()



        
          
        

    

  


  

      

          @spec new() :: t()


      


Spawns Signaling GenServer and wraps it in a struct.
Be aware that the GenServer is not started under any supervision tree, so it needs to be manually
stopped.

  



  
    
      
    
    
      new(signaling_pid)



        
          
        

    

  


  

      

          @spec new(pid()) :: t()


      


Wraps spawned Signaling GenServer in a struct.
Added as a quick fix, earlier implementation of new/0 always started a Signaling GenServer
beyond any supervision tree, which led to having orphaned processes.

  



    

  
    
      
    
    
      register_peer(signaling, opts \\ [])



        
          
        

    

  


  

      

          @spec register_peer(t(), message_format: :ex_webrtc | :json_data, pid: pid()) :: :ok


      


Registers a process as a peer, so that it can send and receive signaling messages.
Options:
	pid - pid of the peer, self() by default
	message_format - :ex_webrtc by default, see message_content/0

See the moduledoc for details.

  



    

  
    
      
    
    
      signal(signaling, message, metadata \\ %{})



        
          
        

    

  


  

      

          @spec signal(t(), message_content(), metadata :: map()) :: :ok


      


Sends a signaling message to the signaling channel.
The calling process must be previously registered with register_peer/2.
See the moduledoc for details.

  



  
    
      
    
    
      start()



        
          
        

    

  


  

      

          @spec start() :: t()


      


Spawns Signaling GenServer and wraps it in a struct, without linking to the caller.
Be aware that the GenServer is not started under any supervision tree, so it needs to be manually
stopped or monitored.

  



  
    
      
    
    
      start_link(init_arg)



        
          
        

    

  


  

      

          @spec start_link(term()) :: GenServer.on_start()


      


Starts and links a Signaling GenServer.
Returned pid should be passed to new/1.

  


        

      


  

    
Membrane.WebRTC.SignalingChannel 
    



      
Deprecated since v0.24.0. Use Membrane.WebRTC.Signaling instead.

      


      
        Summary


  
    Types
  


    
      
        ex_webrtc_message()

      


    


    
      
        json_data_message()

      


    


    
      
        message()

      


    


    
      
        message_content()

      


    


    
      
        t()

      


    





  
    Functions
  


    
      
        close(signaling)

      


        See Membrane.WebRTC.Signaling.close/1.



    


    
      
        new()

      


    


    
      
        register_peer(signaling, opts \\ [])

      


        See Membrane.WebRTC.Signaling.register_peer/2.



    


    
      
        signal(signaling, message, metadata \\ %{})

      


        See Membrane.WebRTC.Signaling.signal/3.



    





      


      
        Types


        


  
    
      
    
    
      ex_webrtc_message()



        
          
        

    

  


  

      

          @type ex_webrtc_message() :: Membrane.WebRTC.Signaling.ex_webrtc_message()


      



  



  
    
      
    
    
      json_data_message()



        
          
        

    

  


  

      

          @type json_data_message() :: Membrane.WebRTC.Signaling.json_data_message()


      



  



  
    
      
    
    
      message()



        
          
        

    

  


  

      

          @type message() :: Membrane.WebRTC.Signaling.message()


      



  



  
    
      
    
    
      message_content()



        
          
        

    

  


  

      

          @type message_content() :: Membrane.WebRTC.Signaling.message_content()


      



  



  
    
      
    
    
      t()



        
          
        

    

  


  

      

          @type t() :: Membrane.WebRTC.Signaling.t()


      



  


        

      

      
        Functions


        


  
    
      
    
    
      close(signaling)



        
          
        

    

  


  

      

          @spec close(t()) :: :ok


      


See Membrane.WebRTC.Signaling.close/1.

  



  
    
      
    
    
      new()



        
          
        

    

  


  

      

          @spec new() :: t()


      



  



    

  
    
      
    
    
      register_peer(signaling, opts \\ [])



        
          
        

    

  


  

      

          @spec register_peer(t(), message_format: :ex_webrtc | :json_data, pid: pid()) :: :ok


      


See Membrane.WebRTC.Signaling.register_peer/2.

  



    

  
    
      
    
    
      signal(signaling, message, metadata \\ %{})



        
          
        

    

  


  

      

          @spec signal(t(), message_content(), metadata :: map()) :: :ok


      


See Membrane.WebRTC.Signaling.signal/3.

  


        

      


  

    
Membrane.WebRTC.SimpleWebSocketServer 
    



      
A simple WebSocket server spawned by Membrane.WebRTC.Source
and Membrane.WebRTC.Sink. It accepts a single connection
and passes the messages between the client and a Membrane
element.
The messages sent and received by the server are JSON-encoded
Membrane.WebRTC.Signaling.json_data_message/0.
Additionally, the server sends a {type: "keep_alive", data: ""}
messages to prevent the WebSocket from being closed.
Examples of configuring and interacting with the server can
be found in the examples directory.

      


      
        Summary


  
    Types
  


    
      
        options()

      


        Options for the server.



    





  
    Functions
  


    
      
        validate_options!(options)

      


    





      


      
        Types


        


  
    
      
    
    
      options()



        
          
        

    

  


  

      

          @type options() :: [ip: :inet.ip_address(), port: :inet.port_number()]


      


Options for the server.
The port is required, while the IP address defaults to {127, 0, 0, 1}.

  


        

      

      
        Functions


        


  
    
      
    
    
      validate_options!(options)



        
          
        

    

  


  

      

          @spec validate_options!(options()) :: options() | no_return()


      



  


        

      


  

    
Membrane.WebRTC.Sink 
    



      
Membrane Bin that allows sending audio and video tracks via WebRTC.
It sends an SDP offer and expects an answer during initialization and
each time when new tracks are added. For more information about signaling,
see the signaling option.
Before connecting pads, each audio and video track has to be negotiated.
Tracks passed via tracks option are negotiated during initialization.
You can negotiate more tracks by sending add_tracks/0 notification
and waiting for new_tracks/0 notification reply.
When the tracks are negotiated, pads can be linked. The pad either
has to have a kind option set or its id has to match the id of
the track received in new_tracks/0 notification.
Bin options
Passed via struct Membrane.WebRTC.Sink.t/0
	signaling  
Signaling.t() | {:whip, whip_options} | {:websocket, SimpleWebSocketServer.options()}
Required
Signaling channel for passing WebRTC signaling messages (SDP and ICE).
Either:
	Membrane.WebRTC.Signaling - See its docs for details.
	{:whip, options} - Acts as a WHIP client, see whip_options/0 for details.
	{:websocket, options} - Spawns Membrane.WebRTC.SimpleWebSocketServer,
see there for details.


	tracks  
[:audio | :video]
Default value: [:audio, :video]
Tracks to be negotiated. By default one audio and one video track
is negotiated, meaning that at most one audio and one video can be
sent.

	video_codec  
:vp8 | :h264 | :h265 | :av1 | [:vp8 | :h264 | :h265 | :av1]
Default value: [:vp8, :h264]
Video codecs, that Membrane.WebRTC.Sink will try to negotiatie in SDP
message exchange. Even if [:vp8, :h264] is passed to this option, there
is a chance, that one of these codecs won't be approved by the second
WebRTC peer.
After SDP messages exchange, Membrane.WebRTC.Sink will send a parent
notification {:negotiated_video_codecs, codecs} where codecs is
a list of supported codecs.

	ice_servers  
[ExWebRTC.PeerConnection.Configuration.ice_server()]
Default value: [%{urls: "stun:stun.l.google.com:19302"}]  

	ice_port_range  
Enumerable.t(non_neg_integer())
Default value: [0]  

	ice_ip_filter  
(:inet.ip_address() -> boolean())
Default value: &Membrane.WebRTC.Sink.default_ice_ip_filter/1  

	payload_rtp  
boolean()
Default value: true  


Pads
:input
Accepted formats:
%Membrane.H264{alignment: :nalu}
%Membrane.H265{alignment: :nalu}
%Membrane.RemoteStream{content_format: Membrane.VP8}
%Membrane.RemoteStream{content_format: Membrane.RTP}
Membrane.VP8
Membrane.Opus
Membrane.RTP
	Direction:	:input
	Availability:	:on_request

Pad options:
	kind  
:audio | :video | nil
Default value: nil
When set, the pad is associated with the first negotiated track
of the given kind. See the moduledoc for details.



      


      
        Summary


  
    Types
  


    
      
        add_tracks()

      


        Notification that should be sent to the bin to negotiate new tracks.



    


    
      
        input_pad_opts()

      


        Options for pad :input



    


    
      
        new_tracks()

      


        Notification sent when new tracks are negotiated.



    


    
      
        t()

      


        Struct containing options for Membrane.WebRTC.Sink



    


    
      
        whip_options()

      


        WHIP client options



    





  
    Functions
  


    
      
        default_ice_ip_filter(ip)

      


    


    
      
        options()

      


        Returns description of options available for this module



    





      


      
        Types


        


  
    
      
    
    
      add_tracks()



        
          
        

    

  


  

      

          @type add_tracks() :: {:add_tracks, [:audio | :video]}


      


Notification that should be sent to the bin to negotiate new tracks.
See the moduledoc for details.

  



  
    
      
    
    
      input_pad_opts()



        
          
        

    

  


  

      

          @type input_pad_opts() :: [{:kind, :audio | :video | nil}]


      


Options for pad :input

  



  
    
      
    
    
      new_tracks()



        
          
        

    

  


  

      

          @type new_tracks() :: {:new_tracks, [%{id: term(), kind: :audio | :video}]}


      


Notification sent when new tracks are negotiated.
See the moduledoc for details.

  



  
    
      
    
    
      t()



        
          
        

    

  


  

      

          @type t() :: %Membrane.WebRTC.Sink{
  ice_ip_filter: (:inet.ip_address() -> boolean()),
  ice_port_range: Enumerable.t(non_neg_integer()),
  ice_servers: [ExWebRTC.PeerConnection.Configuration.ice_server()],
  payload_rtp: boolean(),
  signaling:
    Membrane.WebRTC.Signaling.t()
    | {:whip, whip_options()}
    | {:websocket, Membrane.WebRTC.SimpleWebSocketServer.options()},
  tracks: [:audio | :video],
  video_codec: :vp8 | :h264 | :h265 | :av1 | [:vp8 | :h264 | :h265 | :av1]
}


      


Struct containing options for Membrane.WebRTC.Sink

  



  
    
      
    
    
      whip_options()



        
          
        

    

  


  

      

          @type whip_options() :: [uri: String.t(), token: String.t()]


      


WHIP client options
	uri - Address of the WHIP server (HTTP/HTTPS)
	token - WHIP token, defaults to an empty string


  


        

      

      
        Functions


        


  
    
      
    
    
      default_ice_ip_filter(ip)



        
          
        

    

  


  


  



  
    
      
    
    
      options()



        
          
        

    

  


  

      

          @spec options() :: keyword()


      


Returns description of options available for this module

  


        

      


  

    
Membrane.WebRTC.Source 
    



      
Membrane Bin that allows receiving audio and video tracks via WebRTC.
It expects an SDP offer to be sent by the other peer at the beginning
of playback and each time new tracks are added. For more information
about signaling, see the signaling option.
Pads connected immediately when the bin is created
(in the same spec Membrane.ChildrenSpec.t/0) need to have the kind
option set to :audio or :video. Each of those pads will be associated
with the first WebRTC track of the given kind that arrives.
When a WebRTC tracks arrive and there's no pad to link them to,
the new_tracks/0 notification is sent. Then, the corresponding pads
should be linked - the id of each pad should match one of the track ids.
Bin options
Passed via struct Membrane.WebRTC.Source.t/0
	signaling  
Signaling.t() | {:whip, whip_options()} | {:websocket, SimpleWebSocketServer.options()}
Required
Signaling channel for passing WebRTC signaling messages (SDP and ICE).
Either:
	Membrane.WebRTC.Signaling - See its docs for details.
	{:whip, options} - Starts a WHIP server, see whip_options/0 for details.
	{:websocket, options} - Spawns Membrane.WebRTC.SimpleWebSocketServer,
see there for details.


	allowed_video_codecs  
:vp8 | :h264 | :h265 | :av1 | [:vp8 | :h264 | :h265 | :av1]
Default value: :vp8
Specifies, which video codecs can be accepted by the source during the SDP
negotiaion.
Either :vp8, :h264, :h265 or a list containing these options.
Event if it is set to [:h264, :vp8], the source will negotiate at most
one video codec. Negotiated codec can be deduced from
{:negotiated_video_codecs, codecs} notification sent to the parent.
If prefer to receive one video codec over another, but you are still able
to handle both of them, use :preferred_video_codec option.
By default only :vp8.

	preferred_video_codec  
:vp8 | :h264 | :h265
Default value: :vp8
Specyfies, which video codec will be preferred by the source, if both of
them will be available.
Usage of this option makes sense only if there are at least 2 codecs
specified in the :allowed_video_codecs option.
Defaults to :vp8.

	keyframe_interval  
Membrane.Time.t() | nil
Default value: nil
If set, a keyframe will be requested as often as specified on each video
track.

	ice_servers  
[ExWebRTC.PeerConnection.Configuration.ice_server()]
Default value: [%{urls: "stun:stun.l.google.com:19302"}]  

	ice_port_range  
Enumerable.t(non_neg_integer())
Default value: [0]  

	ice_ip_filter  
(:inet.ip_address() -> boolean())
Default value: &Membrane.WebRTC.Source.default_ice_ip_filter/1  

	depayload_rtp  
boolean()
Default value: true  

	sdp_candidates_timeout  
Membrane.Time.t()
Default value: 1000000000  


Pads
:output
Accepted formats:
Membrane.H264
Membrane.H265
%Membrane.RemoteStream{content_format: Membrane.VP8}
%Membrane.RemoteStream{content_format: Membrane.Opus}
Membrane.RTP
	Direction:	:output
	Availability:	:on_request

Pad options:
	kind  
any
Default value: nil  



      


      
        Summary


  
    Types
  


    
      
        new_tracks()

      


        Notification sent when new tracks arrive.



    


    
      
        output_pad_opts()

      


        Options for pad :output



    


    
      
        t()

      


        Struct containing options for Membrane.WebRTC.Source



    


    
      
        whip_options()

      


        Options for WHIP server input.



    





  
    Functions
  


    
      
        default_ice_ip_filter(ip)

      


    


    
      
        options()

      


        Returns description of options available for this module
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      new_tracks()



        
          
        

    

  


  

      

          @type new_tracks() :: {:new_tracks, [%{id: term(), kind: :audio | :video}]}


      


Notification sent when new tracks arrive.
See moduledoc for details.

  



  
    
      
    
    
      output_pad_opts()



        
          
        

    

  


  

      

          @type output_pad_opts() :: [{:kind, any()}]


      


Options for pad :output

  



  
    
      
    
    
      t()



        
          
        

    

  


  

      

          @type t() :: %Membrane.WebRTC.Source{
  allowed_video_codecs:
    :vp8 | :h264 | :h265 | :av1 | [:vp8 | :h264 | :h265 | :av1],
  depayload_rtp: boolean(),
  ice_ip_filter: (:inet.ip_address() -> boolean()),
  ice_port_range: Enumerable.t(non_neg_integer()),
  ice_servers: [ExWebRTC.PeerConnection.Configuration.ice_server()],
  keyframe_interval: Membrane.Time.t() | nil,
  preferred_video_codec: :vp8 | :h264 | :h265,
  sdp_candidates_timeout: Membrane.Time.t(),
  signaling:
    Membrane.WebRTC.Signaling.t()
    | {:whip, whip_options()}
    | {:websocket, Membrane.WebRTC.SimpleWebSocketServer.options()}
}


      


Struct containing options for Membrane.WebRTC.Source

  



  
    
      
    
    
      whip_options()



        
          
        

    

  


  

      

          @type whip_options() :: [
  {:token, String.t() | (String.t() -> boolean())}
  | {:serve_static, String.t()}
  | {atom(), term()}
]


      


Options for WHIP server input.
The server accepts a single connection and the stream is received by this source. The options are:
	token - either expected WHIP token or a function returning true if the token is valid, otherwise false
	serve_static - make WHIP server also serve static content, such as an HTML page under /static endpoint
	Any of Bandit.options/0 - in particular ip and port

To handle multiple connections and have more control over the server, see Membrane.WebRTC.WhipServer.
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      default_ice_ip_filter(ip)



        
          
        

    

  


  


  



  
    
      
    
    
      options()



        
          
        

    

  


  

      

          @spec options() :: keyword()


      


Returns description of options available for this module

  


        

      


  

    
Membrane.WebRTC.WhipClient 
    



      
WebRTC WHIP Client.
Accepts the following options:
	uri - address of a WHIP server
	signaling - the signaling channel - pass the same signaling channel to Membrane.WebRTC.Sink
to connect it with the WHIP client
	token - token to authenticate in the server, defaults to an empty string


      


      
        Summary


  
    Functions
  


    
      
        child_spec(init_arg)

      


        Returns a specification to start this module under a supervisor.



    


    
      
        start_link(opts)

      


    





      


      
        Functions


        


  
    
      
    
    
      child_spec(init_arg)



        
          
        

    

  


  

Returns a specification to start this module under a supervisor.
See Supervisor.

  



  
    
      
    
    
      start_link(opts)



        
          
        

    

  


  

      

          @spec start_link(
  signaling: Membrane.WebRTC.Signaling.t(),
  uri: String.t(),
  token: String.t()
) ::
  {:ok, pid()}


      



  


        

      


  

    
Membrane.WebRTC.WhipServer 
    



      
Server accepting WHIP connections.
Accepts the following options:
	handle_new_client - function that accepts the client token and returns either
the signaling channel to negotiate the connection or error to reject it. The signaling
channel can be passed to Membrane.WebRTC.Source.
	serve_static - path to static assets that should be served along with WHIP,
under a /static endpoint. Useful to serve HTML assets. If set to false (default),
no static assets are served
	Any of Bandit.options/0 - Bandit configuration
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        child_spec(opts)

      


    


    
      
        start_link(opts)
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      option()



        
          
        

    

  


  

      

          @type option() ::
  {:handle_new_client,
   (token :: String.t() ->
      {:ok, Membrane.WebRTC.Signaling.t()} | {:error, reason :: term()})}
  | {:serve_static, String.t() | false}
  | {atom(), term()}


      



  


        

      

      
        Functions


        


  
    
      
    
    
      child_spec(opts)



        
          
        

    

  


  

      

          @spec child_spec([option()]) :: Supervisor.child_spec()


      



  



  
    
      
    
    
      start_link(opts)



        
          
        

    

  


  

      

          @spec start_link([option()]) :: Supervisor.on_start()


      



  


        

      


  

    
Membrane.WebRTC.WhipServer.Router 
    



      
WHIP router pluggable to a plug pipeline.
Accepts the same options as Membrane.WebRTC.WhipServer.
Example
defmodule Router do
  use Plug.Router

  plug(Plug.Logger)
  plug(Plug.Static, at: "/static", from: "assets")
  plug(:match)
  plug(:dispatch)

  forward(
    "/whip",
    to: Membrane.WebRTC.WhipServer.Router,
    handle_new_client: &__MODULE__.handle_new_client/1
  )

  def handle_new_client(token) do
    validate_token!(token)
    signaling = Membrane.WebRTC.Signaling.new()
    # pass the signaling to a pipeline
    {:ok, signaling}
  end
end

Bandit.start_link(plug: Router, ip: any)
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