@Tencent Cloud Tencent Real-Time Communication

Tencent Real-Time
Communication

Building Demo

Product Documentation

Teent Cloud

©2013-2019 Tencent Cloud. All rights reserved.

Page 1 of 777



@Tencent Cloud Tencent Real-Time Communication

Copyright Notice
©2013-2019 Tencent Cloud. All rights reserved.

Copyright in this document is exclusively owned by Tencent Cloud. You must not reproduce, modify,
copy or distribute in any way, in whole or in part, the contents of this document without Tencent

Cloud's the prior written consent.

Trademark Notice
2y Tencent Cloud

All trademarks associated with Tencent Cloud and its services are owned by Tencent Cloud
Computing (Beijing) Company Limited and its affiliated companies. Trademarks of third parties

referred to in this document are owned by their respective proprietors.
Service Statement

This document is intended to provide users with general information about Tencent Cloud's products
and services only and does not form part of Tencent Cloud's terms and conditions. Tencent Cloud's
products or services are subject to change. Specific products and services and the standards

applicable to them are exclusively provided for in Tencent Cloud's applicable terms and conditions.
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Building Demo
Web Interactive Live Streaming
Web-Based Interactive Live Streaming

Last updated : 2022-04-02 17:02:04

This document introduces you to our web-based interactive live streaming solutions TUIPusher and
TUIPlayer (Ul included). You can integrate them into Tencent Cloud’s basic SDKs such as TRTC and
IM to quickly equip your live streaming applications (corporate live streaming, live shopping,

vocational training, remote teaching, etc.) with web-based publishing and playback capabilities.

Strengths:

» A general-purpose live streaming solution with Ul that includes common live streaming features
such as device selection, beauty filters, publishing, playback, and live chat, helping you quickly
bring your services to the market

« Easy integration into Tencent Cloud’s basic SDKs, including TRTC, IM, and TCPlayer, for excellent
flexibility and scalability

» Web-based, easy-to-use, and quick updates

Demos

See below for a demonstration of the components’ features. We also provide a TUIPusher Demo and
a TUIPlayer Demo, with user and room management systems, for you to experiment with the

features.

Note :
You need to log in with two different accounts to try TUIPusher and TUIPlayer atthe same

time.

©2013-2019 Tencent Cloud. All rights reserved. Page 5 of 777


https://intl.cloud.tencent.com/product/trtc
https://intl.cloud.tencent.com/product/im
https://web.sdk.qcloud.com/component/tuiliveroom/tuipusher/pusher.html
https://web.sdk.qcloud.com/component/tuiliveroom/tuiplayer/player.html

@Tencent Cloud Tencent Real-Time Communication
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Download

You can download TUIPusher and TUIPlayer from the following links:

e TUIPusher
e TUIPlayer
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Overview

TUIPusher

Capturing and publishing streams from camera and mic

o Customizing video parameters including frame rate, resolution, and bitrate
o Applying beauty filters and setting beauty filter parameters

Capturing and publishing data from the screen

Publishing to the TRTC backend and Tencent Cloud’s CDNs

Text chatting with the anchor and other audience members

Getting the audience list and muting audience members

TUIPlayer

Playing the audio/video stream and screen sharing stream at the same time

Text chatting with the anchor and other audience members

Three playback options: ultra-low-latency live streaming (300 ms latency), high-speed live
streaming (latency within 1,000 ms), and standard live streaming (ultra-high concurrency)
Supports desktop and mobile browsers and landscape mode on mobile devices

Note :

If your browser does not support WebRTC and can play videos only using standard live

streaming protocols, please use a different browser to try WebRTC playback.

Integration

Notes

TUIPusher and TUIPlayer are based on TRTC and IM. Make sure you use the same SDKAppID for
your TRTC and IM applications so that they can share your account and authentication information.
You can use the basic-edition content filtering capability of IM to filter chat messages. If you want
to customize restricted words, go to the IM console > Content Filtering, and click Upgrade.
Local UserSig calculation is for development and local debugging only and not for official launch.
The correct UserSig distribution method is to integrate the calculation code of UserSig into your
server and provide an application-oriented APl. When UserSig is needed, your application can
send a request to the business server for a dynamic UserSig . For more information, see

Generating UserSig.
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Step 1. Create an application

¢ Method 1: via TRTC
¢ Method 2: via IM

Step 1. Create a TRTC application

1. Sign up for a Tencent Cloud account and activate TRTC and IM.

2. In the TRTC console, click Application Management > Create Application to create an
application.

e Application Management

Communication

€ Application
Management

Step 2. Get the TRTC key information

1. In the application list, find the application created and click Application Info to view the
SDKAppID .

Application Info Edit

Application Mame  test_01

ApplC 1400616927 Ig ()
SDKSecretke wwrrs (7

Creation Time 2021-12-28 11:06:01

Descriphion Mo description. To provide a description, click “Edit"
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2. Select the Quick Start tab to view the application’s secret key.

Step 2: obtain the secret key to issue UserSig

Copy Secret Key

* The current made is "HMAC-5HAZ236", you can switch to Ias'},“ﬂmet’ic Enc|}-’r_‘;ti:n".

Note

» Accounts creating their first application in the TRTC console will get a 10,000-minute free
trial package.

» After you create a TRTC application, an IM application with the same SDKAppID will be
created automatically. You can configure package information for the application in the IM

console.

Step 2. Prepare your project
1. Download the code for TUIPusher and TUIPlayer at GitHub.
2. Install dependencies for TUIPusher and TUIPlayer .

cd Web/TUIPusher
npm install
cd Web/TUIPlayer
npm install

3. Paste SDKAppID and the secret key to the specified locations below in the
TUIPusher/src/config/basic-info-config. js and TUIPlayer/src/config/basic-info-config. js files.
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A Download Source Medify
° Create Application Code Configuration

Paste SDKAPPID and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemo/debug/src/main/fjava/com/tencent/liteav/de

bug/GenerateTestUserSig java File
Speciﬁed Location Android i0S&mzc0s Windows(C++) Windows(C#) Web Mini Program Flactron

public class GenerateTestUserSig {

SDKAPPID  Copy

Secret Key Copy

private static fimal int EXPIRETIME = 604800

private static fimal String SECRETXE

Pasted and Next

4. Run TUIPusher and TUIPlayer in a local development environment.

cd Web/TUIPusher
npm run serve
cd Web/TUIPlayer
npm run serve

5. You can open http://localhost:8080 and http://localhost:8081 to try out the features of
TUIPusher and TUIPlayer .

6. You can modify the room, anchor, and audience information in TUIPusher/src/config/basic-info-

config. js and TUIPlayer/src/config/basic-info-config. js , but make sure the room and anchor
information is consistent in the two files.

Note :

e You can now use TUIPusher and TUIPlayer for ultra-low-latency live streaming. If you want
to support high-speed and standard live streaming too, see Step 3. Enable relayed push.
e Local calculation of UserSig is for development and local debugging only and not for official

launch. If your SECRETKEY is leaked, attackers will be able to steal your Tencent Cloud traffic.
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« The correct UserSig distribution method is to integrate the calculation code of UserSig
into your server and provide an application-oriented APl. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 3. Enable relayed push

Because the high-speed and standard live streaming features of TUIPusher and TUIPlayer are

powered by CSS, you need to enable relayed push to use these features.

1. In the TRTC console, enable relayed push for your application. You can choose Specified stream
for relayed push or Global auto-relayed push based on your needs.

Relayed Push Configuration

ayec SN ou Can T enable The relayed pus O Pleaze T tactivate the LVE service

Relayed Push Mode Specified stream for relayed push (D Global auto-relayed push (@

2. On the Domain Management page, add your playback domain name. For detailed directions,
please see Adding Your Own Domain Names.

3. Configure the playback domain name in TUIPlayer/src/config/basic-info-config. js .

You can now use all features of TUIPusher and TUIPlayer , including ultra-low-latency live

streaming, high-speed live streaming, and standard live streaming.

Step 4. Apply in a production environment

To apply TUIPusher and TUIPlayer to a production environment, in addition to integrating them into
your project, you also need to do the following:

o Create a user management system to manage user information such as user IDs, usernames, and
profile pictures

o Create a room management system to manage room information such as room IDs, room names,
and anchors

» Generate UserSig on your server

Note :
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o In this document, UserSig is generated on the client based on the SDKAppID and secret
key you provide. The secret key may be easily decompiled and reversed, and if your key is
leaked, attackers will be able to steal your traffic. Therefore, this method is for local
debugging only.

o The correct UserSig distribution method is to integrate the calculation code of UserSig
into your server and provide an application-oriented API. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more
information, see How do | calculate UserSig on the server?.

e Submit account information such as user information, room information, SDKAppID , and UserSig
to store of vuex for global storage, asin TUIPusher/src/pusher.vue and
TUIPlayer/src/player.vue , and you will be able to use all features of the two components on
publishing and playback clients. The diagram below shows the process in detail:

Publishing Playback
Anchor signs user )T o > Audience sign|
Activate TRTC —1 I o bbby A up and log in Activate TRTC
up and logs in service P 9
and enable and enable
relayed push | relayed push
User information User information
Anchor creates room ) i »| Audience
a room service select a room
User information User information
Room information Room information .
SDKAppID and userSig SDKAppID, userSig, and
1 i playback domain name
TUIPusher TUIPlayer
—

Instant
messaging

Instant
messaging

Messaging

Tencent :
P T Ty Cloud’s relayed :
s pushsystem ) ... FLV- and HLS-based playback
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FAQs
How do | implement the beauty filter feature on the web?

See Enabling Beauty Filters.

How do | implement the screen sharing feature on the web?

See Screen Sharing.

How do | implement the on-cloud recording feature on the web?

1. For information about how to enable on-cloud recording, see On-Cloud Recording and Playback.
2. If you enable specified user recording, you can start recording on the web by specifying

userDefineRecordld when calling the TRTC.createClient API.

How do | publish a stream to CDN on the web?

See Publishing to CDN.

How do | enable high-speed playback on the web?

Publish streams to CDNs using the TRTC Web SDK and play the streams using WebRTC.

Notes

Supported platforms

. . TUIPusher
Operating Required
Browser . TUIPlayer TUIPusher Screen
System Version )
Sharing
Supported
macOS Safari 11+ Supported Supported (on Safari
13+)
Supported
macOS Chrome 56+ Supported Supported (on Chrome
72+)
Supported
macOS Firefox 56+ Supported Supported (on Firefox
66+)
macOS Edge 80+ Supported Supported Supported
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Operating
System

macOS

macOS

Windows

Windows

Windows

Windows

Windows

Windows

i0S

i0S

i0S

i0S

Android

Android

©2013-2019 Tencent Cloud. All rights reserved.

Browser

WeChat built-
in browser

WeCom built-
in browser

Chrome

QQ Browser
(WebKit core)

Firefox

Edge

WeChat built-
in browser

WeCom built-
in browser

WeChat built-
in browser

WeCom built-
in browser

Safari

Chrome

WeChat built-
in browser

WeCom built-
in browser

Required
Version

56+

10.4+

56+

80+

TUIPlayer

Supported

Supported

Supported

Supported

Supported

Supported

Supported

Supported

Supported

Supported

Supported

Supported

Supported

Supported

TUIPusher

Not
supported

Not
supported

Supported

Supported

Supported

Supported

Not
supported

Not
supported

Not
supported

Not
supported

Not
supported

Not
supported

Not
supported

Not
supported

Tencent Real-Time Communication

TUIPusher
Screen
Sharing

Not
supported

Not
supported

Supported
(on Chrome
72+)

Not
supported

Supported
(on Firefox
66+)

Supported

Not
supported

Not
supported

Not
supported

Not
supported

Not
supported

Not
supported

Not
supported

Not
supported
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Operating
System

Android

Android

Android

Android

Required
Browser .
Version
Chrome -
QQ Browser -
Firefox -
UC Browser -

TUIPlayer

Supported

Supported

Supported

Supported (only
standard live

TUIPusher

Not
supported

Not
supported

Not
supported

Not
supported

Tencent Real-Time Communication

TUIPusher
Screen
Sharing

Not
supported

Not
supported

Not
supported

Not
supported

streaming)

Domain requirements

For security and privacy reasons, only HTTPS URLs can access all features of TUIPusher and
TUIPlayer . Therefore, please use the HTTPS protocol for the web page of your application in

production environments.

Note :

Note: You can use http://localhost for local development.

The table below lists the supported domain names and protocols.

TUIPusher
Scenario Protocol TUIPlayer TUIPusher Screen Remarks
Sharing
Production HTTPS Supported Supported Supported Recommended
Not Not
Production HTTP Supported © © -
supported supported
Local
http://localhost Supported Supported Supported Recommended
development
Development http://127.0.0.1 Supported Supported Supported -

©2013-2019 Tencent Cloud. All rights reserved.
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TUIPusher
Scenario Protocol TUIPlayer TUIPusher Screen Remarks
Sharing
Local http://[local IP Not Not
Supported -
development address] supported supported

Firewall configuration

TUIPusher and TUIPlayer rely on the following ports and domain for data transfer, which should be

added to the allowlist of your firewall.

o TCP port: 8687
« UDP ports: 8000, 8080, 8800, 843, 443, 16285

e« Domain name: gcloud.rtc.qq.com

Summary

In future versions, we plan to add support for communication between the web components and the
TRTC SDKs for iOS, Android, etc. and introduce features such as co-anchoring, advanced filters,

custom layout, relaying to multiple platforms, and image/text/music upload.

If you have any requirements or feedback, contact colleenyu@tencent.com.
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Video Call
Video Call (10S)

Last updated : 2022-03-17 15:38:17

Demo Ul

You can download and install the app we provide to try out the real-time audio/video call feature.

Call Answer
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15:18 & ©

»))

Switch to Audio Call

»))

Switch to Audio Call

& &

Decline Answer

Note :
To make it easier for you to implement the real-time audio/video call feature, we have
refactored the TUICalling component. You no longer need to pay attention to Ul as it is now

implemented within the TUICalling component.
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Running the Demo

Step 1. Create an application

Tencent Real-Time Communication

1. Log in to the TRTC console and select Development Assistance > Demo Quick Run.

2. Enter an application name such as TestVideoCall and click Create.

3. Click Next.

° Create Application

>

o Download Source

Code

(0 Download SDK and Auxiliary Demo Source Code

Platform

108

Android

MacOS
Electron
Windows

Flutter

Previous

Note :

Operation

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

This feature uses two basic PaaS services of Tencent Cloud, namely TRTC and IM. When you

activate TRTC, IM will be activated automatically. IM is a value-added service. See Pricing for its

billing details.

Step 2. Download the application source code

Clone or download the TUICalling source code.

Step 3. Configure application project files

©2013-2019 Tencent Cloud. All rights reserved.
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1. In the Modify Configuration step, select your platform.
2. Find and open i0S/Example/Debug/GenerateTestUserSig. swift .

3. Set the following parameters in GenerateTestUserSig. swift :

o SDKAPPID: "0 by default. Set it to the actual "SDKAppID".
o SECRETKEY: left empty by default. Set it to the actual key.

- Download Source Medify
° Create Application Code Configuration

ava/com/tencent/liteav/de

Paste SDKApplD and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDema/debug/src/mainyj

bug/GenerateTestUserSigjava Filz

Speci'ﬁed Location Android i0S&macos Windows(C++) Windows(C#) Web Mini Program Electron

public class GenerateTestUserSig {

SDKAppID Copy
private static final int|soEarrip = o:
Secret Key Copy

b private static final int EXFIRETIME = 604800

private static fimal String| SECRETKE

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

» The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and
reversed, and if your key is disclosed, attackers can steal your Tencent Cloud traffic.
Therefore, this method is suitable only for the local execution and debugging of
the app.
« The correct UserSig distribution method is to integrate the calculation code of UserSig

into your server and provide an application-oriented APl. When UserSig is needed, your
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application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the application

Open the source code project TUICalling/Example/TUICallingApp. xcworkspace with Xcode (version 11.0
or above) and click Run.

Tryout

Note :

You need at least two devices to try out the application.

User A

1. Enter a username (which must be unique) and log in.
2. Enter the userId of the person you want to call and tap Search.
3. Tap Call and select Video Call (Make sure that the callee is active in the application, or

the call may fail).

User B

1. Enter a username (which must be unique) and log in.

2. Go to the homepage and wait for the incoming call.

Integration Directions

In the source code, the Source folder contains three subfolders: ui , model , and Service . The

Service subfolder includes the open-source TUICallingManager component, which we share with
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the public. You can find the component’s APIs in the TUICallingManager.h file.

. . Open-source component based on IM
TUICalling SDK and TRTC SDK

TRTC component for real-time audio/
video communication

IM component for serial call and
message answering

You can enable the real-time audio/video call feature for your project with ease using the open-
source TUICalling and TUICallingManager components, with no need to implement complicated call
Ul or logic by yourself.

Step 1. Integrate the SDKs

The call component TRTCCalling depends on the TRTC SDK and IM SDK. You can integrate the two
SDKs into your project by following the steps below:

« Method 1: adding dependencies via CocoaPods

pod ’ TXIMSDK_i0S’
pod ’ TXLiteAVSDK_TRTC’

+ Method 2: adding dependencies through local files
If your access to the CocoaPods repository is slow, you can download the ZIP files of the SDKs and

manually integrate them into your project as instructed in the documents below.

SDK Download Page Integration Guide
TRTC SDK Download Integration Documentation
IM SDK Download Integration document

Step 2. Configure permission requests

Configure camera and mic permission requests by adding Privacy - Camera Usage Description and

Privacy - Microphone Usage Description in info.plist .

Step 3. Import the TUICalling component

To import the component through CocoaPods, follow the steps below:
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1. Copy the Source , Resources , and TXAppBasic folders and the TUICalling.podspec file under the
demo project directory to your project directory.
2. Add the following dependencies to your Podfile and run pod install to complete the import.

pod ' TXAppBasic’, :path =&gt; ”../TXAppBasic/”
pod ' TXLiteAVSDK TRTC’
pod 'TUICalling’, :path =8&gt; ”../”, :subspecs =&gt; [”"TRTC”]

Step 4. Initialize the component and log in

1. Call TUICallingManager.sharedInstance() to initialize the component.
2. Call TUILogin. initWithSdkAppID(SDKAPPID) to initialize login.
3. Call TUILogin. login(userId, userSig) to log in to the component. Specify the key parameters as

described below:

Parameter Description
sdkAppID You can view SDKAppID" in the TRTC console.

ID of the current user, which is a string that can contain letters (a-z and A-Z),
userld digits (0-9), hyphens (-), and underscores (_). We recommend you set it based
on your business account system.

Tencent Cloud's proprietary security signature. For the calculation method,

usersSi
g please see UserSig.

// Initialize the component

TUICallingManager. sharedInstance();

// Log in to the component

TUILogin. initWithSdkAppID(SDKAPPID)

TUILogin. login(userId, userSig) {

print(”login success”)

} fail: { code, errorDes in

print(”login failed, code:¥(code), error: ¥(errorDes ?? "nil”)”)

}

Step 5. Make an audio/video call

1. Caller: call call(); of TUICallingManager to initiate a call, passing in the user IDs ( userIDs ) and
call type ( type ). For the call type, you can pass in .audio (audio call) or .video (video call). If
only one user ID is passed in for userIDs , the call is a one-to-one call; if two or more user IDs are

passed in, the call is a group call.
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2. Callee: If a callee is logged in, the answering view will be displayed. If you want offline users to

receive call invitations, please see Enable offline call answering.

// 2. Register the listener
TUICallingManager. shareInstance().setCallingListener(listener: TUICallingListerner())

// 2. Set whether to enable custom views (disabled by default)
TUICallingManager. shareInstance(). enableCustomViewRoute(enable: true)

// 3. Set callbacks
public func shouldShowOnCallView() -&gt; Bool {
return true;

}

public func callStart(userIDs: [String], type: TUICallingType, role: TUICallingRole, viewControll
er: UIViewController?) { if let vc = viewController {

callingVC = vc;

vc. modalPresentationStyle = . fullScreen

if var topController = UIApplication. shared. keyWindow?. rootViewController {
while let presentedViewController = topController.presentedViewController {
topController = presentedViewController

}

if let navigationVC = topController as? UINavigationController {
if navigationVC.viewControllers. contains(self) {

present(vc, animated: false, completion: nil)

} else {

navigationVC. popToRootViewController(animated: false)
navigationVC. pushViewController(self, animated: false)
navigationVC.present(vc, animated: false, completion: nil)

}

} else {

topController.present(vc, animated: false, completion: nil)

}

}

}

}

public func callEnd(userIDs: [String], type: TUICallingType, role: TUICallingRole, totalTime: Flo
at) {

callingVC.dismiss(animated: true, completion: nil)

}

public func onCallEvent(event: TUICallingEvent, type: TUICallingType, role: TUICallingRole, messa
ge: String) {
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}
// 4. Make a call
TUICallingManager. shareInstance().call(userIDs, .video)

Step 6. Enable offline call answering

Note :
If your project does not require the offline answering feature, for example, if it offers online
customer service, your integration can end at step 5. If your project is a social networking

service, we recommend you enable offline answering.

The IM SDK supports offline push, but additional configuration is required to enable the feature.

1. Apply for an Apple push certificate. For detailed directions, please see Obtaining Apple Push
Notification Service Certificates.

2. Configure offline push on the backend and client. For detailed directions, please see Offline Push
(i0S).

3. The offline push API has been integrated into the signaling API ( sendModel ) of TRTCCallingImpl .
After completing the offline push configuration for your application, you will be able to send
notifications to offline users.

Component APIs

The table below lists the APIs of the TUICalling component.

API Description

call Sends call invitations by user ID.
receiveAPNSCalled Answers a call.

setCallingListener Sets the listener.

setCallingBell Sets the ringtone (preferably shorter than 30s).
enableMuteMode Enables/Disables the mute mode.
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API Description

Enables/Disables custom views. After enabling custom views, you
will receive a CallingView instance in the callback for calling/being

enableCustomViewRoute called, and can decide how to display the view by yourself. The view
must be displayed full screen or in proportion to the screen size;

otherwise, an error may occur.
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Video Call (Android)

Last updated : 2022-03-17 15:38:39

Demo Ul

You can download and install the app we provide to try out the real-time audio/video call feature.

Call Answer
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15:18 & ©

»))

Switch to Audio Call

»))

Switch to Audio Call

& &

Decline Answer

Note :
To make it easier for you to implement the real-time audio/video call feature, we have
refactored the TUICalling component. You no longer need to pay attention to Ul as it is now

implemented within the TUICalling component.
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Running the Demo

Step 1. Create an application

Tencent Real-Time Communication

1. Log in to the TRTC console and select Development Assistance > Demo Quick Run.

2. Enter an application name such as TestVideoCall and click Create.

3. Click Next.

° Create Application

>

o Download Source

Code

(0 Download SDK and Auxiliary Demo Source Code

Platform

108

Android

MacOS
Electron
Windows

Flutter

Previous

Note :

Operation

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

This feature uses two basic PaaS services of Tencent Cloud, namely TRTC and IM. When you

activate TRTC, IM will be activated automatically. IM is a value-added service. See Pricing for its

billing details.

Step 2. Download the application source code

Clone or download the TUICalling source code.

Step 3. Configure application project files

©2013-2019 Tencent Cloud. All rights reserved.
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1. In the Modify Configuration step, select your platform.

2. Find and open Android/Debug/src/main/java/com/tencent/liteav/debug/GenerateTestUserSig. java .

3. Set parameters in GenerateTestUserSig. java :

o SDKAPPID: a placeholder by default. Set it to the actual "SDKAppID".
o SECRETKEY: a placeholder by default. Set it to the actual key.

- Download Source Medify
° Create Application Code Configuration

Paste SDKApplD and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemoa/debug/sre/main/java/com/tencent/liteav/de

bug/GenerateTestUserSigjava Filz

Speci'ﬁed Location Android i0S&macos Windows(C++) Windows(C#) Web Mini Program Electron

public class GenerateTestUserSig {

SDKAppID Copy
private static final int|soEarrip = o:
Secret Key Copy

b private static final int EXFIRETIME = 604800

private static fimal String| SECRETKE

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

» The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and
reversed, and if your key is disclosed, attackers can steal your Tencent Cloud traffic.
Therefore, this method is suitable only for the local execution and debugging of
the app.
« The correct UserSig distribution method is to integrate the calculation code of UserSig

into your server and provide an application-oriented APl. When UserSig is needed, your
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application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the application

Open the source code project TUICalling with Android Studio (version 3.5 or above) and click Run.

Tryout

Note :
You need at least two devices to try out the application.

User A

1. Enter a username (which must be unique) and log in.
2. Enter the userId of the person you want to call and tap Search.
3. Tap Call and select Video Call (Make sure that the callee is active in the application, or

the call may fail).

User B

1. Enter a username (which must be unique) and log in.

2. Go to the homepage and wait for the incoming call.

Integration Directions

In the source code, the Source folder contains two subfolders: ui and model . The model
subfolder includes the open-source TUICallingManager component, which we share with the public.

You can find the component’s APIs in the TUICalling. java file.

. . Open-source component based on IM
TUICalling SDK and TRTC SDK

. TRTC component for real-time audio/
video communication

. IM component for serial call and
message answering
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You can enable the real-time audio/video call feature for your project with ease using the open-
source TUICalling and TUICallingManager components, with no need to implement complicated call
Ul or logic by yourself.

Step 1. Integrate the SDKs
The audio/video call component TUICalling depends on the TRTC SDK and IM SDK. Follow the steps

below to integrate the two SDKs into your project:

Method 1: adding dependencies via mavenCentral

1. Add the TRTC SDK and IM SDK dependencies to dependencies .

dependencies {
compile ”“com. tencent. Liteav:LiteAVSDK TRTC: latest. release”
compile 'com. tencent. imsdk: imsdk: latest. release’

// As we use Gson for parsing, you also need to add the Google Gson dependency.
compile ' com.google. code. gson:gson: latest. release’

}

2. In defaultConfig , specify the CPU architecture to be used by your application.

defaultConfig {

ndk {

abiFilters "armeabi-v7a”
}

}

3. Click Sync Now to sync the SDKs.

Note :
If you have no problem connecting to mavenCentral, the SDKs will be downloaded and

integrated into your project automatically.

Method 2: adding dependencies through local AAR files

If your access to the mavenCentral repository is slow, you can download the ZIP files of the SDKs and

manually integrate them into your project as instructed in the documents below.
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SDK Download Page Integration Guide
TRTC SDK Download Integration document
IM SDK Download Integration documentation

Step 2. Configure permission requests and obfuscation rules

Configure permission requests for your application in AndroidManifest.xml . The SDKs need the
following permissions (on Android 6.0 and above, the camera and read storage permissions must be

requested at runtime.)

<{uses-permission android:name="android.permission. INTERNET” />
<uses-permission android:name="android.permission. ACCESS NETWORK STATE” />
<uses-permission android:name="android. permission. ACCESS WIFI STATE” />
<uses-permission android:name="android.permission. WRITE_EXTERNAL STORAGE” />
{uses-permission android:name="android. permission, READ EXTERNAL STORAGE” />
<uses-permission android:name="android.permission.RECORD AUDIO” />
<uses-permission android:name="android. permission. MODIFY AUDIO SETTINGS” />
<uses-permission android:name="android. permission. BLUETOOTH” />
<uses-permission android:name="android.permission. CAMERA” />
uses-permission android:name="android. permission. READ PHONE STATE” />
{uses-feature android:name="android. hardware. camera”/>

{uses-feature android:name="android. hardware, camera, autofocus” />

In the proguard-rules.pro file, add the SDK classes to the "do not obfuscate" list.

-keep class com, tencent. xx { *;}

Step 3. Import the TUICalling component

Copy the Source directory to your project and importitin setting.gradle as shown below:

include ’ :Source’

Step 4. Initialize the component and log in

1. Call TUICallingManager.sharedInstance() to initialize the component.
2. Call TUILogin. init(context, SDKAppID, config, Llistener) to initialize login.
3. Call TUILogin. login(userld, userSig, callback) to log in tothe component. Specify the key

parameters as described below:

Parameter Description

©2013-2019 Tencent Cloud. All rights reserved. Page 33 of 777


https://intl.cloud.tencent.com/document/product/647/34615
https://intl.cloud.tencent.com/document/product/647/35093
https://intl.cloud.tencent.com/document/product/1047/33996
https://intl.cloud.tencent.com/document/product/1047/34306

@Tencent Cloud Tencent Real-Time Communication

SDKAppID You can view "SDKAppID" in the TRTC console.

ID of the current user, which is a string that can contain letters (a-z and A-Z),
userld digits (0-9), hyphens (-), and underscores (_). We recommend you set it based
on your business account system.

Tencent Cloud's proprietary security signature. For the calculation method,

userSig .
please see UserSig.
. SDK configuration, which is used to set the log output level and log callback. You
config N . . .
can pass null” for this parameter. For details, see the sample code below.
listener IM listener, which is used to listen for some crucial callbacks, such as forced
logout and “userSig™ expiration. For details, see the sample code below.
callback Callback for login, which indicates whether login is successful. For details, see

the sample code below.

// Initialize the component

TUICallingManager manager = TUICallingManager.sharedInstance();
// Log in to the component

V2TIMSDKConfig config = new V2TIMSDKConfig();

config. setLoglLevel (V2TIMSDKConfig. V2TIM LOG DEBUG);

config. setLogListener(new V2TIMLogListener() {

@0verride

public void onLog(int logLevel, String logContent) {

}

});

TUILogin. init(this, ${Your “SDKAPPID'}, config, new V2TIMSDKListener() {
@0verride

public void onKickedOffline() { // Callback for forced logout
mIsKickedOffline = true;

checkUserStatus();

}

@0verride

public void onUserSigExpired() { // Callback for “userSig expiration
mIsUserSigExpired = true;

checkUserStatus() ;

}

});

TUILogin. login("${Your “userId}”, "${Your “userSig }”, new V2TIMCallback() {
@0verride

public void onError(int code, String msg) {

Log. d(TAG, ”"code: ” + code + ” msg:” + msg);

}
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@0verride

public void onSuccess() {
Log. d(TAG, "onSuccess”);
}

});

Step 5. Make an audio/video call

1. Caller: Call call(); of TUICallingManager to initiate a call, passing in the user IDs ( userids ) and
call type ( type ). For the call type, you can pass in TUICalling. Type.AUDIO (audio call) or
TUICalling. Type.VIDEO (video call). If only one user ID is passed in for userids , the call is a one-
to-one call; if two or more user IDs are passed in, the call is a group call.
2. Callee: If a callee is logged in, the answering view will be displayed. If you want offline users to

receive call invitations, please see Enable offline call answering.

// 1. Initialize the component

TUICallingManager manager = TUICallingManager. sharedInstance();
// 2. Register the listener

manager.setCallingListener(new TUICalling. TUICallingListener() {
@0verride

public boolean shouldShowOnCallView() {

return true;

}

@0verride

public void onCallStart(String[] userIDs, TUICalling.Type type, TUICalling.Role role, final View
tuiCallingView) {

if (IshouldShowOnCallView() || null == tuiCallingView) {

return;

}

runOnUiThread(new Runnable() {

@0verride

public void run() {

FramelLayout. LayoutParams params = new FramelLayout.lLayoutParams(FramelLayout.LayoutParams. MATCH PAR
ENT, FramelLayout.LayoutParams. MATCH PARENT);

mCallingView = tuiCallingView;

addContentView(tuiCallingView, params);

}

});

}

@Override

public void onCallEnd(String[] userIDs, TUICalling.Type type, TUICalling.Role role, long totalTim
e) {
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removeView();

}

@0verride

public void onCallEvent(TUICalling.Event event, TUICalling.Type type, TUICalling.Role role, Strin
g message) {

if (TUICalling.Event.CALL FAILED == event) {

removeView();

}

}

});

// 3. Make a call

manager.call(userIDs, TUICalling. Type.VIDEOQ);

Step 6. Enable offline call answering

Note :
If your project does not require the offline answering feature, for example, if it offers online
customer service, your integration can end at step 5. If your project is a social networking

service, we recommend you enable offline answering.

The IM SDK supports offline push. However, since the offline push service of Android phones varies

from vendor to vendor, the configuration required to enable offline push for Android is more

complicated than that for iOS.

1.

Apply for a certificate required by the vendor's push channel, configure it in the IM console, and
add the certificate and ID as required. For detailed directions, please see IM > Offline Push
(Android).

. The offline push API has been integrated into the signaling API ( sendModel ) of TRTCCallingImpl .

After completing the offline push configuration for your application, you will be able to send

notifications to offline users.

Component APIs

The table below lists the APIs of the TUICalling component.

API Description

call Sends call invitations by user ID.
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API Description

receiveAPNSCalled Answers a call.

setCallingListener Sets the listener.

setCallingBell Sets the ringtone (preferably shorter than 30s).
enableMuteMode Enables/Disables the mute mode.

Enables/Disables custom views. After enabling custom views, you
will receive a CallingView instance in the callback for calling/being

enableCustomViewRoute called, and can decide how to display the view by yourself. The view
must be displayed full screen or in proportion to the screen size;
otherwise, an error may occur.
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Video Call (Web)

Last updated : 2022-04-02 16:27:03

This document describes how to implement browser-based video calls.

o Part 1 describes how to activate the service and run the demo.
» Part 2 describes how to build your own video call feature using the TRTCCalling component.

Environment Requirements

Currently, the desktop version of Chrome offers better support for the features of the TRTC Web SDK;
therefore, Chrome is recommended for the demo.

TRTCCalling uses the following ports and domain name for data transfer, which should be added to
the allowlist of the firewall. After configuration, please use official demo to check whether the

configuration has taken effect.

o TCP port: 8687
« UDP ports: 8000, 8080, 8800, 843, 443, 16285
o Domain name: gcloud.rtc.qq.com

For details, please see Dealing with Firewall Restrictions.

Supported Platforms

The service supports the following platforms:

oS Browser (Desktop) Minimum Browser Version Requirement
macOS Safari 11+

macOS Chrome 56+

macOS Firefox 56+

macOS Edge 80+

Windows Chrome 56+

Windows QQ Browser (WebKit core) 10.4+

Windows Firefox 56+
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&2 Tencent Cloud

0S Browser (Desktop) Minimum Browser Version Requirement
Windows Edge 80+
Note :

For more information on browser compatibility, please see Browsers Supported. You can also

run an online test using the TRTC compatibility check page.

URL Protocol Support

Scenario

Production

Production

Local
development

Local
development

Local
development

Local
development

Protocol

HTTPS

HTTP

http://localhost

http://127.0.0.1

http://[local IP
address]

file:///

Running the Demo

Step 1. Create an application

Receive
(Playback)

Supported

Supported

Supported

Supported

Supported

Supported

Send
(Publish)

Supported

Not
supported

Supported

Supported

Not
supported

Supported

1. Sign up for a Tencent Cloud account and verify your identity.

Share
Screen

Supported

Not
supported

Supported

Supported

Not
supported

Supported

2. In the TRTC console, click Development Assistance > Demo Quick Run.

3. Enter an application name such as TestTRTC and click Create.

Step 2. Download the demo

©2013-2019 Tencent Cloud. All rights reserved.
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1. You can download the source code of the web demo at TUICalling.

2. Click Next.

° Create Application > o Download Source
Code

(i) Download SDK and Auxiliary Demo Source Code

Platform Operation

i08 Download at GitHub Download at Gitee
Android Download at GitHub Download at Gitee
Web Download at GitHub Download at Gitee
MacOSs Download at GitHub Download at Gitee
Electron Download at GitHub Download at Gitee
Windows Download at GitHub Download at Gitee
Flutter Download at GitHub

Next Previous

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Step 3. Configure the demo project file

1. In the Modify Configuration step, select your platform.

2. Find and open the Web/public/debug/GenerateTestUserSig. js file.
3. Set the following parameters in the GenerateTestUserSig. js file:
o SDKAPPID: "0 by default. Set it to the actual "SDKAppID".

o SECRETKEY: Left empty by default. Set it to the actual key.
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A Download Source Medify
° Create Application Code Configuration

Paste SDKAPPID and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemo/debug/src/main/fjava/com/tencent/liteav/de

bug/GenerateTestUserSig java File

S peci'ﬁ ed LO catio n Android 10S&mac0s Windows(C++) Windows(C#) Weh Mini Program Electron

public class GenerateTestUserSig {

SDKAPPID  Copy

private static fimal ine|SDEAPPID = 0;

Secret Key Copy

private static final int EXFIRETIME = 604800

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

» In this document, the method to obtain UserSig is to configure a SECRETKEY in the client
code. In this method, the SECRETKEY is vulnerable to decompilation and reverse
engineering. Once your SECRETKEY is leaked, attackers can steal your Tencent Cloud traffic.
Therefore, this method is only suitable for locally running a demo project and
feature debugging.

« The correct UserSig distribution method is to integrate the calculation code of UserSig
into your server and provide an application-oriented APl. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the demo
1. In the demo directory, run the following commands in turn:

npm install
npm run serve
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2. Open Chrome and visit http://localhost:8080/ . If the above steps are performed correctly, you

will see the page below:

Tencent TRTC Real-time Interaction Home more

3. Enter a user ID, click Sign in, and select Video.

Tencent TRTC Real-time Interaction Home more

Welcome 444

4, Enter the user ID of the callee and click call.

Tencent TRTC Real-time Interaction Home more v

Welcome 444

Audio Call

call
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5. Start the video call.

Tencent TRTC Real-time Interaction Home

Welcome 444

Audio Call

Audio Call Area

333

Building Your Own Video Call Feature

Step 1. Import the TRTCCalling component

Note :

o Since version 0.6.0, you need to manually install dependencies trtc-js-sdk, tim-js-sdk, and
tsignaling.

o To reduce the size of trtc-calling-js.js and prevent version conflict between trtc-
calling=-js. js and the already-in-use trtc-js-sdk , tim—js-sdk or tsignaling , the latter
three are packaged as external dependencies, which you need to install manually before

use.

npm install trtc—js—-sdk --save
npm install tim-js-sdk --save
npm install tsignaling --save

npm install trtc-calling-js —-—save
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// If you import “trtc-calling-js™ via a script, you need to manually import the following resour

ces in the specified order.

{script src="./trtc. js"></scriptd

<script src="./tim-js. js"><{/script>

{script src="./tsignaling. js”"><{/script>
{script src="./trtc-calling-js. js”"><{/script>

Step 2. Create a TRTCCalling object

Create a TRTCCalling object, setting SDKAppID to the SDKAppID of your application.

import TRTCCalling from ’trtc-calling-js’;

let options = {

SDKAppID: @, // Replace O with your “SDKAppID  when connecting

// The “tim" parameter is added starting from v. 10.2

// The parameter guarantees the uniqueness of an existing TIM instance.
tim: tim

};

const trtcCalling = new TRTCCalling(options);

Step 3. Log in
Call login tologin, with userID setto your userID and userSig set to your signature. For how to

calculate and use UserSig, see FAQs > UserSig.

trtcCalling. login({
userID,
userSig,

1)

Step 4. Make a one-to-one call
« Caller: call a user

trtcCalling.call({

userID, // User ID

type: 2, // Call type. "0 : unknown; 1 : audio call; "2 : video call
timeout // Timeout threshold, in seconds

1);
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o Callee: process a call invitation

// Answer
trtcCalling. accept();
// Reject
trtcCalling. reject()

e Turn the local camera on

trtcCalling. openCamera()

+ Play the video of a remote user

trtcCalling. startRemoteView({
userID, // Remote user ID
videoViewDomID // The user’ s data will be rendered in this DOM node.

9

 Show local video preview

trtcCalling. startLocalView({

userID, // Local user ID

videoViewDomID // The user’ s data will be rendered in this DOM node.
})

« Hang up

trtcCalling. hangup()

FAQs

Why can’t | get through to a user? Why am | kicked offline?

The TRTCCalling component does not support login of multiple instances or offline signaling for

the time being. Please make sure that your current login is unique.

Note :
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o Multiple instances: A user logs in with the same account multiple times or on different
devices, which disrupts signaling.

« Offline signaling: Only online instances can receive messages. Messages sent to offline
instances will not be sent again when the instances go online.
For FAQs, see TRTCCalling for Web.

Technical Support

If you have other questions, you can fill out a contact form or email colleenyu@tencent.com.

Learn More

TRTCCalling web demo

TRTCCalling for npm

Source code of TRTCCalling web demo
TRTCCalling web APIs

FAQs
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Video Call (Flutter)

Last updated : 2022-03-17 15:45:09

To quickly implement the video call feature, you can use the demo we provide and adapt it to your

needs. You can also use the TRTCCalling component and customize your own Ul.

Using the Demo Ul

Step 1. Create an application

1. Log in to the TRTC console and select Development Assistance > Demo Quick Run.

2. Enter an application name such as TestVideoCall and click Create.

Note :
This feature uses two basic PaaS services of Tencent Cloud, namely TRTC and IM. When you
activate TRTC, IM will be activated automatically. IM is a value-added service. See Pricing for its

billing details.

Step 2. Download the SDK and demo source code

1. Download the SDK and demo source code for your platform.
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2. Click Next.

° Create Application > o Download Source >
Code

() Download SDK and Auxiliary Demo Source Code

Platform Operation

i0s Download at GitHub Download at Gitee Download Zip
Android Download at GitHub Download at Gitee Download Zip
Web Download at GitHub Download at Gitee Download Zip
Mac0OS Download at GitHub Download at Gitee Download Zip
Electron Download at GitHub Download at Gitee Download Zip
Windows Download at GitHub Download at Gitee Download Zip
Flutter Download at GitHub

Next Previous

Step 3. Configure the demo project file

1. In the Modify Configuration step, select your platform.

2. Find and open /example/lib/debug/GenerateTestUserSig.dart .

3. Set parameters in GenerateTestUserSig.dart as follows.

o SDKAPPID: a placeholder by default. Set it to the actual *SDKAppID".

o "SECRETKEY : a placeholder by default. Set it to the actual key.

©2013-2019 Tencent Cloud. All rights reserved.
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. Downlead Source Modify
° Create Application Code Configuration

Paste SDKAPPID and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemo/debug/src/main/fjava/com/tencent/liteav/de

bug/GenerateTestUserSig java File

S peci'ﬁ ed LO catio n Android 10S&mac0s Windows(C++) Windows(C#) Weh Mini Program Electron

public class GenerateTestUserSig {

SDKAPPID  Copy

private static fimal ine|SDEAPPID = 0;

Secret Key Copy

private static final int EXFIRETIME = 604800

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

o The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and

reversed, and if your key is leaked, attackers can steal your Tencent Cloud traffic.
Therefore, this method is only suitable for the local execution and debugging of
the demo.

o The correct UserSig distribution method is to integrate the calculation code of UserSig
into your server and provide an application-oriented APl. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the demo

Note :
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An Android project must be run on a real device rather than a simulator.

1. Run flutter pub get .

2. Compile, run, and test the project.
o Android
o i0OS
i. Run flutter run .

ii. Open the demo project with Android Studio (3.5 or above), and click Run.

Step 5. Modify the demo source code

The TRTCCallingDemo folder in the source code contains two subfolders: ui and model . The ui

folder contains the Ul code.

File or Folder Description

The main view for audio/video calls, where calls are

TRTCCallingVideo.dart
9 answered/declined

The view for contacts, where one can search for registered users to

TRTCCallingContact.dart call

Customizing Ul

The TRTCCallingDemo folder in the source code contains two subfolders: ui and model . The model
subfolder contains the reusable open-source component TRTCCalling . You can find the component's
APIs in TRTCCalling.dart .

Open-source component based
on IM SDK and TRTC SDK

TRTC component for real-time
audio/video communication

IM component for serial
call and message answering
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You can use the open-source component TRTCCalling to customize your own Ul. This means you will
use the model of the demo but design the Ul by yourself.
Step 1. Integrate the SDKs

The audio/video call component TRTCCalling depends on the TRTC SDK and IM SDK. You can

configure pubspec.yaml to download their updates automatically.
Add the following dependencies to pubspec. yaml of your project.
dependencies:

tencent trtc cloud: latest version number
tencent im sdk plugin: latest version number

Step 2. Configure permission requests and obfuscation rules
« i0S
» Android

Add request for mic permission in Info.plist :

<key>NSMicrophoneUsageDescription</key>
<string>Audio calls are possible only with mic access.</string>

Step 3. Import the TRTCCalling component

Copy all the files in the directory below to your project:

/Lib/TRTCCal lingDemo/mode L

Step 4. Initialize the component and log in

1. Call TRTCCalling.sharedInstance() to get an instance of the component.
2. Call Llogin(SDKAppID, userld, userSig) to log in to the component. For the key parameters passed
in, see the table below.

Parameter Description
SDKAppID You can view "SDKAppID" in the TRTC console.

ID of the current user, which is a string that can contain letters (a-z and A-Z),
userld digits (0-9), hyphens (-), and underscores (_). We recommend you set it based
on your business account system.
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userSig Tencent Cloud's proprietary security signature. For the calculation method,
please see UserSig.

// Initialize
sCall = await TRTCCalling.sharedInstance();
sCall. Login(1400000123, “userA”, "xxxx”);

Step 5. Make a one-to-one video call

1.

The caller calls call() of TRTCCalling , passing in the user ID of the callee ( userid ) and call

type ( type ). For a video call, the call type should be TRTCCalling. typeVideoCall .

. The callee, if logged in, will receive the onInvited() callback and can start the corresponding

view based on the call type set by the inviter, which is represented by callType in the callback.

. The callee can call accept() to answer the call and openCamera() to turn the local camera on. He

or she can also call reject() to reject the call.

. After audio/video communication is established between the caller and callee, they will both

receive the onUserVideoAvailable() event notification, which indicates that they have received
each other's image. They can then call startRemoteView() to display each other’s image. Remote
audio will be played back automatically by default.

Component APIs

The table below lists the APIs of the TRTCCalling component.

API Description

Registers a TRTCCalling listener, through which users can receive status

registerListener S
notifications.

unRegisterListener Unregisters a listener.

destroy Destroys an instance.
login Logs in to IM. All features can be used only after login.
logout Logs out of IM. Calls cannot be made after logout.

Makes a C2C call. The invitee will receive the onlnvited event
notification.

call

accept Answers a call.
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API Description
reject Declines a call.
hangup Ends a call.

Renders the camera data of a remote user in the specified

startRemoteView ) i
TXCloudVideoView .

stopRemoteView Stops rendering the camera data of a remote user.

Turns the camera on and renders the camera data in the specified
openCamera . .

TXCloudVideoView .

closeCamera Turns the camera off.
switchCamera Switches between the front and rear cameras.
setMicMute Mutes/Unmutes the mic.
setHandsFree Enables/Disables the hands-free mode.
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TUICalling APIs (iOS)

Last updated : 2022-03-17 15:46:42

TUICalling is an open-source class based on two closed-source SDKs: Tencent Cloud Real-Time
Communication (TRTC) and Instant Messaging (IM). It supports one-to-one and group video calls. For

detailed instructions how to implement it, see Real-Time Video Call (i0S).

o TRTC SDK: The TRTC SDK is used as a low-latency audio/video call component.

« IM SDK: The IM SDK is used to send and process signaling messages.

TUICalling API Overview

Basic SDK APIs

API Description

sharedinstance Gets a singleton.

call Sends call invitations by user ID.
receiveAPNSCalled Answers a call.

setCallingListener Sets the listener.

setCallingBell Sets the ringtone (preferably shorter than 30s).
enableMuteMode Enables/Disables the mute mode.
enableCustomViewRoute Enables/Disables custom views.

TUICallingListener API Overview

Event callbacks
API Description

Callback of whether the answering view is displayed when there is an

shouldShowOnCallView ) .
incoming call

Callback for starting calling. This callback is triggered for both callers
and callees.

onCallStart
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Callback for ending a call. This callback is triggered for both callers

API Description
onCallEnd

and callees.
onCallEvent Call event callback

Type

Call type
Enumerated Type
TUICallingTypeAudio

TUICallingTypeVideo

Role

Role type
Enumerated Type
TUICallingRoleCall

TTUICallingRoleCalled

Event

Event type
Enumerated Type
TUICallingEventCallStart
TUICallingEventCallSucceed
TUICallingEventCallEnd

TUICallingEventCallFailed

©2013-2019 Tencent Cloud. All rights reserved.

Description
Audio call

Video call

Description
Caller

Callee

Description

The call started.

The call was connected successfully.
The call ended.

The call failed.
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Basic SDK APIs

sharedinstance

This APl is used to get a singleton of the TUICallingManager component.

+ (instancetype)sharelnstance;

call

This APl is used to send call invitations by user ID.

- (void)call: (NSArray<NSString *> *)userIDs type:(TUICallingType)type;

The parameters are as detailed below:

Parameter Type Description

userlDs NSArray List of the user IDs of call participants

type TUICallingType Call type: audio/video
receiveAPNSCalled

This API is used to answer a call.

- (void)receiveAPNSCalled: (NSArray<NSString %> *)userIDs type:(TUICallingType)type;

The parameters are as detailed below:

Parameter Type Description

userlIDs NSArray List of the user IDs of call participants

type TUICallingType Call type: audio/video
setCallingListener

This API is used to set the listener.

- (void)setCallingListener:(id<TUICallingListerner>)listener;

The parameters are as detailed below:

©2013-2019 Tencent Cloud. All rights reserved.
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Parameter Type Description

listener TUICallingListener Listener of the TUIcalling component

setCallingBell

This APl is used to set the ringtone (preferably shorter than 30s).

- (void)setCallingBell: (NSString *)filePath;

The parameters are as detailed below:

Parameter Type Description
filePath NSString Path of the ringtone file
enableMuteMode

This API is used to enable/disable the mute mode.

- (void)enableMuteMode: (BOOL)enable;
The parameters are as detailed below:

Parameter Type Description

enable BOOL Whether to enable the mute mode

enableCustomViewRoute

This API is used to enable/disable custom views.
After enabling custom views, you will receive a CallingViewController instance in the callback for

calling/being called, and can decide how to display the view by yourself.

Note :

The view must be displayed full screen; otherwise, an error may occur.

- (void)enableCustomViewRoute: (BOOL)enable;

The parameters are as detailed below:
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Parameter Type Description

enable BOOL Whether to enable custom views

TUICallingListener Callback APIls

shouldShowOnCallView

Callback of whether the answering view is displayed when there is an incoming call.

- (BOOL)shouldShowOnCal LView;

The parameters are as detailed below:

Parameter Type Description
Return value BOOL Whether the answering view is displayed
onCallStart

Callback for starting calling, which is triggered for both callers and callees.

- (void)callStart: (NSArray<NSString *> *)userIDs type:(TUICallingType)type role:(TUICallingRole)r
ole viewController:(UIViewController * Nullable)viewController;

The parameters are as detailed below:

Parameter Type Description
userlDs NSArray List of the user IDs of call participants
type TUICallingType Call type: audio/video
role TUICallingRole Role type: caller/callee
viewController UlViewController Calling view controller

onCallEnd

Callback for ending a call, which is triggered for both callers and callees. If enableCustomViewRoute is

set to NO , this callback will not be triggered.
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- (void)callEnd: (NSArray<NSString *> *)userIDs type:(TUICallingType)type role:(TUICallingRole)rol

e totalTime: (CGFloat)totalTime;

The parameters are as detailed below:

Parameter Type

userlIDs NSArray

type TUICallingType

role TUICallingRole

totalTime CGFloat
onCallEvent

Description

List of the user IDs of call participants
Call type: audio/video

Role type: caller/callee

Call duration (s)

Call event callback, which is triggered for both callers and callees. If enableCustomViewRoute is set to

NO , this callback will not be triggered.

- (void)onCallEvent: (TUICallingEvent)event type:(TUICallingType)type role:(TUICallingRole)role me

ssage: (NSString *)message;

The parameters are as detailed below:

Parameter Type

event TUICallingEvent
type TUICallingType
role TUICallingRole
message NSString
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Description

Call event type

Call type: audio/video
Role type: caller/callee

Event description
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TUICalling APIs (Android)

Last updated : 2022-03-17 15:47:18

TUICalling is an open-source class based on two closed-source SDKs: Tencent Cloud Real-Time
Communication (TRTC) and Instant Messaging (IM). It supports one-to-one and group video calls. For

detailed instructions how to implement it, see Real-Time Video Call (Android).

o TRTC SDK: The TRTC SDK is used as a low-latency audio/video call component.

» IM SDK: The IM SDK is used to send and process signaling messages.

TUICalling API Overview

Basic SDK APIs

API Description

sharedinstance Gets a singleton.

call Sends call invitations by user ID.
receiveAPNSCalled Answers a call.

setCallingListener Sets the listener.

setCallingBell Sets the ringtone (preferably shorter than 30s).
enableMuteMode Enables/Disables the mute mode.
enableCustomViewRoute Enables/Disables custom views.

TUICallingListener API Overview

Event callbacks
API Description

Callback of whether the answering view is displayed when there is an

shouldShowOnCallView ) .
incoming call

Callback for starting calling. This callback is triggered for both callers
and callees.

onCallStart
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API
onCallEnd

onCallEvent

Type

Call type
Enumerated Type
AUDIO

VIDEO

Role

Role type
Enumerated Type
CALL

CALLED

Event

Event type
Enumerated Type
CALL_START
CALL SUCCEED
CALL_END

CALL_FAILED

Tencent Real-Time Communication

Description

Callback for ending a call. This callback is triggered for both callers
and callees.

Call event callback

Description
Audio call

Video call

Description
Caller

Callee

Description

The call started.

The call was connected successfully.
The call ended.

The call failed.
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Basic SDK APIs

sharedinstance

This APl is used to get a singleton of the TUICalling component.

public static TUICallingManager sharedInstance();

call

This APl is used to send call invitations by user ID.

void call(String[] userIDs, Type type);

The parameters are as detailed below:

Parameter Type Description

userlDs Stringl[] List of the user IDs of call participants

type TUICalling.Type Call type: audio/video
receiveAPNSCalled

This API is used to answer a call.

void receiveAPNSCalled(String[] userIDs, Type type);

The parameters are as detailed below:

Parameter Type Description

userlDs String[] List of the user IDs of call participants

type TUICalling.Type Call type: audio/video
setCallingListener

This API is used to set the listener.

void setCallingListener(TUICallingListener listener);

The parameters are as detailed below:
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Parameter Type Description

listener TUICallingListener Listener of the TUIcalling component

setCallingBell

This APl is used to set the ringtone (preferably shorter than 30s).

void setCallingBell(String filePath);

The parameters are as detailed below:

Parameter Type Description
filePath String Path of the ringtone file
enableMuteMode

This API is used to enable/disable the mute mode.

void enableMuteMode(boolean enable);

The parameters are as detailed below:

Parameter Type Description

enable boolean Whether to enable the mute mode

enableCustomViewRoute

This API is used to enable/disable custom views.
After enabling custom views, you will receive a CallingView instance in the callback for

calling/being called, and can decide how to display the view by yourself.

Note :
The view must be displayed full screen or in proportion to the screen size; otherwise, an error

may OCCur.

void enableCustomViewRoute(boolean enable);

The parameters are as detailed below:
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Parameter Type Description

enable boolean Whether to enable custom views

TUICallingListener Callback APIls

shouldShowOnCallView

Callback of whether the answering view is displayed when there is an incoming call.

boolean shouldShowOnCallView();

The parameters are as detailed below:

Parameter Type Description
Return value boolean Whether the answering view is displayed
onCallStart

Callback for starting calling, which is triggered for both callers and callees.

void onCallStart(String[] userIDs, TUICalling.Type type, TUICalling.Role role, View tuiCallingVie

w);

The parameters are as detailed below:

Parameter Type Description

userlDs String[] List of the user IDs of call participants
type TUICalling.Type Call type: audio/video

role TUICalling.Role Role type: caller/callee

e . Calling view. When enableCustomViewRoute is false , vie
tuiCallingView  View . ”9 u i ewRou -
is null.

onCallEnd

Callback for ending a call, which is triggered for both callers and callees.

void onCallEnd(String[] userIDs, TUICalling.Type type, TUICalling.Role role, long totalTime);
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The parameters are as detailed below:

Parameter Type Description

userlDs Stringl[] List of the user IDs of call participants
type TUICalling.Type Call type: audio/video

role TUICalling.Role Role type: caller/callee

totalTime long Call duration (s)

onCallEvent

Call event callback.

void onCallEvent(TUICalling.Event event, TUICalling.Type type, TUICalling.Role role, String messa
ge);

The parameters are as detailed below:

Parameter Type Description

event TUICalling.Event Call event type

type TUICalling.Type Call type: audio/video
role TUICalling.Role Role type: caller/callee
message String Event description
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TRTCCalling APIs (Web)

Last updated : 2022-04-06 14:08:33

TRTCCalling Overview

The TRTCCalling component is based on Tencent Real-Time Communication (TRTC) and Instant
Messaging (IM). It supports one-to-one and group audio/video calls. For detailed instructions on how
to implement it, see Real-Time Video Call (Web).

o TRTC SDK: The TRTC SDK is used as a low-latency audio/video call component.

o IM SDK: The IM SDK is used to send and process signaling messages.

Demo Download

You can download the source code of the web demo at TUICalling.

Environment Requirements

We recommend you use Chrome for PC to run the demo as it offers better support for the features of
the TRTC Web SDK. For more information on environment requirements, see Environment

Requirements.

URL Protocol Support

. Receive Send Share
Scenario Protocol . Remarks
(Playback) (Publish) Screen
Production HTTPS Supported Supported Supported Recommended
Production HTTP Supported Not Not -
supported supported
Local
http://localhost Supported Supported Supported Recommended
development
Local
http://127.0.0.1 Supported Supported Supported -

development
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. Receive Send Share
Scenario Protocol Remarks

(Playback) (Publish) Screen

Local http://[local IP Not Not

Supported -
development address] supported supported
Local
oca file:/// Supported Supported Supported -

development

TRTCCalling APIs

Event subscribing/unsubscribing APIs

This component bases its management on the dispatching of events. The application layer can

change Ul interactions according to dispatched events.

API Description
on(eventName, callback, context) Subscribes to an event.
off(eventName, callback, context) Unsubscribes from an event.

Basic SDK APIs

API Description
login({userlID, userSig}) Logs in to IM. All IM features can be used only after login.
logout() Logs out. No calls can be made after logout.

Call operation APIs

API Description

call({userlID, type, offlinePushinfo})) Invites a user to a one-to-one call.
groupCall({userlIDList, type, grouplD, offlinePushinfo}) Invites users to a group call.
accept() Accepts a call.

reject() Rejects a call.

hangup() Hangs up.

©2013-2019 Tencent Cloud. All rights reserved. Page 67 of 777



&2 Tencent Cloud

Video APIs

API

startRemoteView({userlD, videoViewDomID})

stopRemoteView({useriD})
startLocalView({userlD, videoViewDomID})
stopLocalView({userIiD})
openCamera()
closeCameral)
setMicMute(isMute)
setVideoQuality(profile)
switchToAudioCall()
switchToVideoCall()
getCameras()
getMicrophones()

switchDevice({deviceType, deviceld})

API Details

Creating a TRTCCalling instance

Tencent Real-Time Communication

Description

Starts rendering the video of a remote user.
Stops rendering the video of a remote user.
Starts rendering the video of the local user.
Stops rendering the video of the local user.
Turns the camera on.

Turns the camera off.

Mutes/Unmutes the mic.

Sets video quality.

Switches to audio call.

Switches to video call.

Gets the camera list.

Gets the mic list.

Switches to a different camera or mic.

First, create an application in the TRTC console and get the SDKAppID .

Then, obtain an instance of the TRTCCalling component using new TRTCCalling() .

npm i trtc-js-sdk --save
npm i tim-js-sdk --save
npm i tsignaling --save
npm i trtc-calling-js --save

// If you download the dependency using Node. js, you can import it using an import command.

import TRTCCalling from ’trtc-calling-js’;

// If you use JavaScript, you need to manually import the following resources in the specified or

der.
// trte.js
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<script src="./trtc. js"></script>

// tim-js. js

<script src="./tim-js. js"></script>

// tsignaling. js

<script src="./tsignaling. js"><{/script>

// trtc-calling-js. js

<script src="./trtc-calling-js. js">{/script)>

let options = {

SDKAppID: @, // Replace "0 with the “SDKAppID  of your IM application when connecting
// The “tim" parameter is added starting from v0.10.2

// The parameter guarantees the uniqueness of an existing TIM instance.
tim: tim

b

let trtcCalling = new TRTCCalling(options);

Event subscribing/unsubscribing APls

on(eventName, callback, context)

This APl is used to subscribe to an event dispatched by the component. For a list of the events, see
TRTCCalling Events.

let handleInvite = function ({inviteID, sponsor, inviteData}) {

console. log(CinviteID: ${inviteID}, sponsor: ${sponsor}, inviteData: ${JSON.stringify(inviteDat
a)}’);

}i

trtcCalling.on(’ onInvited , handlelnvite, this);

off(eventName, callback, context)

This API is used to unsubscribe from an event.

let handleInvite = function ({inviteID, sponsor, inviteData}) {

console. logCinviteID: ${inviteID}, sponsor: ${sponsor}, inviteData: ${JSON.stringify(inviteDat
a)}’);

};

trtcCalling. off(" onInvited’, handleInvite, this);

Basic SDK APIs

login({useriD, userSig})

This APl is used to log in.

trtcCalling. login({userID, userSig})
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The parameters are as detailed below:

Parameter Type Description

ID of the current user, which is a string that can contain only letters (a-z

userlD Strin
g and A-Z), digits (0-9), hyphens (-), and underscores (_)
usersig String Tenc.ent Cloud's proprletz.ary security signature. For how to calculate and
use it, see FAQs > UserSig.
logout()

This APl is used to log out.

trtcCalling. logout()

Call operation APIs

call({useriD, type, offlinePushinfo})

This APl is used to make a one-to-one call. type indicates the call type ( 1 : audio call; 2 : video
call).

Note :

« The timeout parameter is deleted from v1.0.0 and later versions.
A new parameter, offlinePushInfo , is introduced for offline notifications, which are

supported only on Android and iOS, not on web or WeChat Mini Program.

// Versions earlier than vi.0.0
trtcCalling.call({userID, type, timeout})

// vl. 0.0 and later versions

const offlinePushInfo = {

title: 7,

description: 'You are invited to a call.’,

}
trtcCalling.call({userID, type, offlinePushInfo})

The parameters are as detailed below:

Parameter Type Description
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Parameter Type
userlD String
type Number
timeout Number

offlinePushinfo Object

Tencent Real-Time Communication

Description

userID of the invitee

Call type. 1 :audio call; 2 :video call

Timeout period (s). @ means the call never times out. This
parameter is valid only for versions earlier than v1.0.0.

Offline notifications (optional). This parameter is valid only for
v1.0.0 and later versions.

offlinePushlinfo (in v1.0.0 and later versions)

Parameter
title

description

androidOPPOChannellD

extension

Type
String

String

String

String

Description
Title of an offline notification (optional)
Content of an offline notification (optional)

Channel ID for an offline notification on OPPO 8.0 and above
(optional)

Passthrough content of an offline notification (optional),
which is valid only for TRTCCalling v1.0.2 or above
and TSignaling v0.9.0 or above

groupCall({useriDList, type, grouplD, offlinePushinfo})

The groupID parameter is the group ID in the IM SDK. If this parameter is set, call invitations will be

broadcast by the group messaging system, which is a simple and reliable way of sending call

invitations. If this parameter is left empty, the TRTCCalling component will send an invitation to

every invitee.

Note :

In v1.0.0 and later versions, a new parameter, offlinePushInfo , is introduced for offline

notifications, which are supported only on Android and iOS, not on web or WeChat

Mini Program.

// Versions earlier than vi. 0.0
trtcCalling. groupCall({userIDList, type, groupID})
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// vl.0.0 and later versions

const offlinePushInfo = {

1

title: ,

Tencent Real-Time Communication

description: 'You are invited to a call.’,

}

trtcCalling. groupCall({userIDList, type, groupID, offlinePushInfo})

The parameters are as detailed below:

Parameter Type
userlIDList Array
type Number
grouplD String

offlinePushinfo Object

Description

List of the user IDs of invitees

Call type. 1 :audio call; 2 : video call

IM group ID (optional)

Offline notifications (optional). This parameter is valid only for
v1.0.0 and later versions.

offlinePushlinfo (in v1.0.0 and later versions)

Parameter
title

description

androidOPPOChannellD

extension

accept()

This APl is used to accept an invitation.

Note :

Type
String

String

String

String

Description
Title of an offline notification (optional)
Content of an offline notification (optional)

Channel ID for an offline notification on OPPO 8.0 and above
(optional)

Passthrough content of an offline notification (optional),
which is valid only for TRTCCalling v1.0.2 or above
and TSignaling v0.9.0 or above

o If a prior invitation has not been processed, the component will return a message indicating

that the line is busy.

e« params is deleted from v1.0.0 and later versions.
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import TRTCCalling from ’trtc-calling-js’;
trtcCalling. on(TRTCCalling. EVENT. INVITED, ({invitelID, sponsor, inviteData}) => {
/2

// Versions earlier than vi. 0.0

const { roomID, callType } = inviteData;
trtcCalling. accept({inviteID, roomID, callType})
// vl. 0.0 and later versions

trtcCalling. accept();

)

The parameters are as detailed below:

Parameter  Type Description

Invitation ID, which identifies an invitation and is returned by the
invitelD String INVITED callback. This parameter is valid only for versions
earlier than v1.0.0.

Call room ID, which is returned by the INVITED callback (in
roomlD Number inviteData ). This parameter is valid only for versions earlier
than v1.0.0.

Call type, which is turned by the INVITED callback (in inviteData ).
callType Number 1 :audio call; 2 :video call. This parameter is valid only for
versions earlier than v1.0.0.

reject()

This APl is used to reject an invitation.

Note :
params s deleted from v1.0.0 and later versions.

import TRTCCalling from ’trtc-calling-js’;

trtcCalling. on(TRTCCalling. EVENT. INVITED, ({inviteID, sponsor, inviteData}) => {
/A

// Versions earlier than vi.0.0

const { callType } = inviteData;

trtcCalling. reject({inviteID, isBusy, callType})

// vl. 0.0 and later versions

trtcCalling. reject();

9
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The parameters are as detailed below:

Parameter  Type Description

Invitation ID, which identifies an invitation and is returned by the
invitelD String INVITED callback. This parameter is valid only for versions
earlier than v1.0.0.

Whether the line is busy. This parameter is valid only for versions

isBusy Boolean )
earlier than v1.0.0.

Call type, which is turned by the INVITED callback (in inviteData ).
callType Number 1 :audio call; 2 :video call. This parameter is valid only for
versions earlier than v1.0.0.

hangup()

1. If you are in a call, you can use this API to end the call.

2. If your call is not answered yet, you can use this API to cancel the call.

trtcCalling. hangup()

Video APIs

startRemoteView({userlD, videoViewDomlID})

This APl is used to render the camera data of a remote user in a specified DOM node.
trtcCalling. startRemoteView({userID, videoViewDomID})

The parameters are as detailed below:
Parameter Type Description

useriD String User ID

The DOM node in which the user’s data is to be rendered. The

videoViewDomID Strin
g data will be played via the video tag of the node.

stopRemoteView({useriD})

This API is used to delete the DOM node in which the camera data of a remote user is rendered.
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Note :

videoViewDomID is deleted from v1.0.0 and later versions.

// Versions earlier than vi. 0.0

trtcCalling. stopRemoteView({userID, videoViewDomID});
// vl. 0.0 and later versions

trtcCalling. stopRemoteView({userID});

The parameters are as detailed below:

Parameter Type Description
userlD String User ID

The DOM node whose video tag is to be deleted. The playback will
videoViewDomID String stop. This parameter is valid only for versions earlier than
v1.0.0.

startLocalView({userlD, videoViewDomID})

This APl is used to render the camera data of the local user in a specified DOM node.
trtcCalling. startLocalView({userID, videoViewDomID})

The parameters are as detailed below:
Parameter Type Description

userlD String User ID

The DOM node in which the local user’s data is to be rendered.

videoViewDomID Strin
g The data will be played via the video tag of the node.

stopLocalView({useriD})

This API is used to delete the DOM node in which the camera data of the local user is rendered.

Note :
videoViewDomID is deleted from v1.0.0 and later versions.
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// Versions earlier than
trtcCalling. stopLocalView
/7 vl1.0.0 and later versi
trtcCalling. stopLocalView

Tencent Real-Time Communication

vi.0.0

({userID, videoViewDomID});
ons

({userID});

The parameters are as detailed below:

Parameter Type

Description

useriD String User ID

The DOM node whose video tag is to be deleted. The playback will

videoViewDomID String stop. This parameter is valid only for versions earlier than

openCameral()

This API is used to turn the

trtcCalling. openCameral()

closeCameral()

This API is used to turn the

trtcCalling. closeCamera()

setMicMute(isMute)

This API is used to turn the

trtcCalling. setMicMute(tr

v1.0.0.

local camera on.

camera off.

mic on/off.

ue) // Turn the mic off

The parameters are as detailed below:

Parameter

isMute

setVideoQuality(profile)

Type Description

e true :turn the mic off;

Boolean .
« false : turn the mic on

This APl is used to set video quality.

©2013-2019 Tencent Cloud.

All rights reserved. Page 76 of 777



@Tencent Cloud Tencent Real-Time Communication

Note :

e This is a new APl in v0.8.0 and later versions.

e This APl must be called before call , groupCall , or accept to take effect.

trtcCalling. setVideoQuality(’ 720p’ ) // Set video quality to “720p°

The parameters are as detailed below:

Parameter Type Description

o 480p : 640 x 480
profile String o 720p : 1280 x 720
o 1080p : 1920 x 1080

switchToAudioCall()

This API is used to switch from video call to audio call.

Note :

e This is a new APl in v0.10.0 and later versions.
o It can be used only in one-to-one calls.

» If you receive an error callback (code: 60001), the switching failed.

trtcCalling. switchToAudioCall() // Switch from video call to audio call

switchToVideoCall()

This API is used to switch from audio call to video call.

Note :

e This is a new APl in v0.10.0 and later versions.
o It can be used only in one-to-one calls.

» If you receive an error callback (code: 60002), the switching failed.
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trtcCalling. switchToVideoCall() // Switch from audio call to video call

getCameras()

This API is used to get the camera list.

Note :
This is a new APl in v1.0.0 and later versions.

trtcCalling. getCameras() // Get the camera list

getMicrophones()

This APl is used to get the mic list.

Note :
This is a new APl in v1.0.0 and later versions.

trtcCalling. getMicrophones() // Get the mic list

switchDevice({deviceType, deviceld})

This API is used to switch to a different camera or mic.

Note :
This is a new APl in v1.0.0 and later versions.

trtcCalling. switchDevice({deviceType: ’video’, deviceld: deviceld}) // Switch to a different devi

ce
The parameters are as detailed below:

Parameter Type Description

deviceType String Device type. video : camera; audio : mic
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Parameter Type

deviceld String

Description

Device ID.

Tencent Real-Time Communication

e You can use getCameras() to getthe ID of a camera.
e You can use getMicrophones() to getthe ID of a mic.

TRTCCalling Events

The code below demonstrates how to listen for TRTCCalling events.

import TRTCCalling from " trtc-calling-js’;

// etc

function handleInviteeReject({userID}) {

}

trtcCalling. on(TRTCCalling. EVENT. REJECT, handleInviteeReject)

Invitation events

Code

REJECT

NO_RESP

LINE_BUSY
INVITED
CALLING_CANCEL

CALLING_TIMEOUT

USER_ENTER

USER_LEAVE

CALL_END

©2013-2019 Tencent Cloud. All rights reserved.

Event
Recipient

Inviter

Inviter

Inviter
Invitee
Invitee
Invitee

Inviter and
invitee

Inviter and
invitee

Inviter and
invitee

Description

The invitee rejected the call.

The invitation timed out without response from
the invitee.

The invitee is in a call, i.e., the line is busy.
You received an invitation.
The call is canceled.

The invitation timed out.

A user entered the room.

A user left the call.

The call ended.
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Event -
Code ve. _ Description
Recipient
Inviter and : .
KICKED OUT ,nv,l er A user was kicked out due to repeated login.
- invitee
Inviter an
USER_VIDEO_AVAILABLE ,nvft:ea d A remote user turned the camera on/off.
invi
Invit .
USER_AUDIO_AVAILABLE ,m’fter and A remote user turned the mic on/off.
invitee

Common event callbacks

SDK_READY
The SDK is ready.

Note :
This is a new event callback in v1.0.0 and later versions.

let onSDKReady = function(event) {
console. log(event)

};
trtcCalling. on(TRTCCal ling. EVENT. SDK READY, onSDKReady);

USER_ENTER

A user entered the room.
This event callback is triggered when a user joins the call.

let handleUserEnter = function({userID}) {

console. log(userID)

b

trtcCalling. on(TRTCCalling. EVENT. USER ENTER, handleUserEnter);

The parameters are as detailed below:

Parameter Type Description

userlD String User ID
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USER_LEAVE

A user left the room.
This event callback is triggered when a user leaves the call.

let handleUserLeave = function({userID}) {
console. log(userID)

};
trtcCalling. on(TRTCCal ling. EVENT. USER LEAVE, handleUserlLeave);

The parameters are as detailed below:

Parameter Type Description

userlD String User ID

GROUP_CALL_INVITEE_LIST UPDATE

The invitee list for a group call was updated.

Note :
This is a new event callback in v1.0.0 and later versions.

let handleGroupInviteelListUpdate = function(event) {
console. log(event)

};
trtcCalling. on(TRTCCalling, EVENT. GROUP CALL INVITEE LIST UPDATE, handleGroupInviteeListUpdate);

CALL_END

The call ended.
This event callback is triggered when a call ends.

let handleCallingEnd = function(event) {
console. log(event)

};
trtcCalling. on(TRTCCal ling. EVENT. CALL END, handleCallingEnd);

KICKED_OUT

A user was kicked out due to repeated login.
This event callback is triggered if a user logs in with the same account on another page.
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let handleKickedOut = function(event) {
console. log(event)

};
trtcCalling. on(TRTCCalling. EVENT. KICKED OUT, handleKickedOut);

USER_VIDEO_AVAILABLE

A remote user turned the camera on/off.
This event callback is triggered when a remote user turns the camera on/off.

let handleUserVideoChange = function({userID, isVideoAvailable}) {
console. log(userID, isVideoAvailable)

};
trtcCalling. on(TRTCCalling. EVENT. USER VIDEQO AVAILABLE, handleUserVideoChange);

The parameters are as detailed below:

Parameter Type Description

useriD String User ID

L . e true : The remote user turned the camera on.
isVideoAvailable Boolean
« false : The remote user turned the camera off.

USER_AUDIO_AVAILABLE

A remote user turned the mic on/off.
This event callback is triggered when a remote user turns the mic on/off.

let handleUserAudioChange = function({userID, isAudioAvailable}) {
console. log(userID, isAudioAvailable)

};
trtcCalling. on(TRTCCalling. EVENT. USER AUDIO AVAILABLE, handleUserAudioChange);

The parameters are as detailed below:

Parameter Type Description

userlD String User ID

, . . e true : The remote user turned the mic on.
isAudioAvailable Boolean .
« false : The remote user turned the mic off.

Event callbacks received by inviter
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REJECT

The user rejected the call.

The inviter of a call will receive this callback if an invitee rejects the call.

let handleInviteeReject = function({userID}) ({
console. log(userID)

};
trtcCalling. on(TRTCCal ling. EVENT. REJECT, handlelnviteeReject);

The parameters are as detailed below:

Parameter Type Description
userlD String User ID
NO_RESP

The invitee did not answer.
In cases where a timeout period is specified for a one-to-one or group call, the inviter will receive this

callback if an invitee does not answer the call within the specified timeout period.

let handleNoResponse = function({userID, userIDList}) {
console. log(userID, userIDList)

};
trtcCalling. on(TRTCCalling. EVENT.NO RESP, handleNoResponse);

The parameters are as detailed below:

Parameter Type Description

userlD String User ID

userlDList Array List of timed out users
LINE_BUSY

The invitee is in a call, i.e., the line is busy.

The inviter of a call will receive this callback if the invitee is already in a call.

let handleLineBusy = function({userID}) {
console. log(userID)

};
trtcCalling. on(TRTCCalling. EVENT. LINE BUSY, handlelLineBusy);
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The parameters are as detailed below:

Parameter Type Description

userlD String User ID

Event callbacks received by invitee

INVITED

An invitation was received.

A user will receive this callback if he or she is invited to a call.

let handleNewInvitationReceived = function({
sponsor, userIDList, isFromGroup, inviteData, inviteID

b A

console. log(sponsor, userIDList, isFromGroup, inviteData, inviteID)
};
trtcCalling.on(TRTCCalling. EVENT. INVITED, handleNewInvitationReceived);

The parameters are as detailed below:

Parameter Type Description

sponsor String Inviter

userlDList Array Users invited to the same call

isFromGroup Boolean Whether it is an IM group invitation

inviteData Object For a new user invitation: {version, callType, roomID}
invitelD String Invitation ID, which identifies an invitation

CALLING_CANCEL

The call is canceled.

An invitee of a call will receive this callback if the call is canceled.

let handleCallingCancel = function(event) {
console. log(event)

};
trtcCalling. on(TRTCCal ling. EVENT. CALLING CANCEL, handleCallingCancel);

CALLING_TIMEOUT
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The call timed out.
In cases where a timeout period is specified for a one-to-one or group call, an invitee will receive this

callback if he or she does not answer the call within the specified timeout period.

let handleCallingTimeout = function(event) {

console. log(event)

};

trtcCalling. on(TRTCCalling. EVENT. CALLING TIMEOUT, handleCallingTimeout);

TRTCCalling Error Codes

You can register the error callback, as shown below, to handle the errors thrown by the component.

import TRTCCalling from ’trtc-calling-js’;

let onError = function(error) {

console. log(error);

};

trtcCalling. on(TRTCCalling. EVENT. ERROR, onError);

Error codes

Code Type Description

60001 API call failure Failed to call switchToAudioCall .

60002 API call failure Failed to call switchToVideoCall .

60003 Access failure No available mic.

60004 Access failure No available camera.

60005 Access failure The user denied access.

60006 Failure to pass The current environment does not support WebRTC (v1.0.4
environment check or above is required).

Update Guide

« Updating to TRTCCalling 1.0.2 or above
o You need to update TSignaling to v0.9.0 or above.
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o Reason: See Changelog.
+ Updating to TRTCCalling 1.0.0 or 1.0.1
o You need to update TSignaling to v0.8.0 or above.

o Reason: See Changelog.

FAQs

Why can’t | get through to a user? Why am | kicked offline?

The TRTCCalling component does not support login of multiple instances or offline signaling for
the time being. Please make sure that your current login is unique.

Note :

» Multiple instances: A user logs in with the same account multiple times or on different
devices, which disrupts signaling.

« Offline signaling: Only online instances can receive messages. Messages sent to offline
instances will not be sent again when the instances go online.
For FAQs about TRTCCalling for web, see TRTCCalling for Web.

Technical Support

If you have other questions, you can fill out a contact form or email colleenyu@tencent.com.

Learn More

o TRTCCalling web demo

o TRTCCalling for npm

» Source code of TRTCCalling web demo
« TRTCCalling web APIs

» FAQs
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TRTCCalling APIs (Flutter)

Last updated : 2022-04-08 14:39:00

TRTCCalling is an open-source class based on two closed-source SDKs: Tencent Cloud Real-Time
Communication (TRTC) and Instant Messaging (IM). It supports one-to-one audio/video calls. For

detailed instructions how to implement it, please see Real-Time Video Call (Flutter).

o TRTC SDK: the TRTC SDK is used as a low-latency audio/video call component.

« IM SDK: the IM SDK is used to send and process sighaling messages.

TRTCCalling API Overview

Basic SDK APIs

API Description

sharedlnstance Gets a singleton.

destroySharedinstance Destroys a singleton.

registerListener Registers an event listener.

unRegisterListener Unregisters an event listener.

destroy Destroys an instance that is no longer needed.
login Logs in. All features can be used only after login.
logout Logs out. No calls can be made after logout.

Call operation APIs

API Description

call Makes a one-to-one call.
accept Accepts the current call.
reject Declines the current call.
hangup Ends the current call.

Stream pushing/pulling APIs
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API Description

Renders the camera data of a remote user in the specified

startRemoteView . .
TXCloudVideoView .

stopRemoteView Stops rendering the data of a remote user.

Audio/Video APIs
API Description

Turns on the camera and renders the camera data in the specified
TXCloudVideoView .

openCamera
switchCamera Switches between the front and rear cameras.
closeCamera Turns off the camera.

setMicMute Mutes the local mic.

setHandsFree Enables the hands-free mode.

TRTCCallingDelegate API Overview

Common event callback APIs
API Description

onError Callback for error.

Inviter callback APIs

API Description

onReject The call was declined.
onNoResp The invitee did not answer.
onLineBusy The line is busy.

Invitee callback APIs

API Description
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API Description

onlnvited An invitation was received.
onCallingCancel The call was canceled.
onCallingTimeOut The call timed out.

General callback APIs

API Description

onUserEnter A user joined the call.
onUserLeave A user left the call.
onUserAudioAvailable Whether a user is sending audio
onUserVideoAvailable Whether a user is sending video
onUserVoiceVolume Call volume of the user
onCallEnd The call ended.

Basic SDK APIs

sharedinstance

This APl is used to get a singleton of the TRTCCalling component.

static Future<TRTCCalling> sharedInstance();

destroySharedinstance

This APl is used to destroy a singleton of the TRTCCalling component.

static void destroySharedInstance();

destroy

This APl is used to destroy an instance that is no longer needed.

void destroy();
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registerListener

This APl is used to register callbacks for TRTCCalling events. You can receive status notifications of
TRTCCalling via TRTCCallingDelegate .

void registerListener(VoicelListenerFunc func);

unRegisterListener

This APl is used to unregister event callbacks.

void unRegisterListener(VoiceListenerFunc func);

login
This APl is used to log in to the component.
Future<ActionCal lback> login(int sdkAppId, String userId, String userSig);

The parameters are as detailed below:

Parameter Type Description

You can view the SDKAppID via Application Management >

sdkApplID int . ] .
Application Info in the TRTC console.

ID of the current user, which is a string that can contain only letters (a-z

userld String o
and A-Z), digits (0-9), hyphens (-), and underscores ().
usersig String Tencent Clolud's proprietary seclurity signature. For more information on
how to get it, please see UserSig.
logout

This APl is used to log out of the component.

Future<ActionCal lback> logout();

Call Operation APIs

call

This APl is used to make a one-to-one call. It can be called during a call to invite more users.
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Future<ActionCallback> call(String userId, int type);

The parameters are as detailed below:

Parameter Type Description

userld String User ID of the callee

type int 1 :audio call; 2 : video call
accept

This API is used to accept the current call. After receiving the onlnvited() callback, the invitee can
call this API to accept the call.

Future<ActionCal lback> accept();

reject

This API is used to decline the current call. After receiving the onlInvited() callback, the invitee can
call this API to decline the call.

Future<ActionCal lback> reject();

hangup

This API is used to end the current call.

void hangup();

Stream Pushing/Pulling APIs

startRemoteView

This APl is used to render the camera data of a remote user in the specified TRTCCloudVideoView .

void startRemoteView(String userId, int streamType, int viewId);

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description
userld String ID of the remote user
streamType int Video stream type of the userId specified for stopping watching
_ _ viewId called back by TRTCCloudVideoView , the control that carries the
viewld int ) )
video image
stopRemoteView

This APl is used to stop rendering the data of a remote user.

void stopRemoteView(String userId, int streamType);

The parameters are as detailed below:

Parameter Type Description
userld String ID of the remote user
streamType int Type of video stream of the specified userId to stop rendering

Audio/Video APIs

openCamera

This APl is used to turn on the camera and render data in the specified TRTCCloudVideoView .

void openCamera(bool isFrontCamera, int viewId);

The parameters are as detailed below:

Parameter Type Description
isFrontCamera bool true : turns on the front camera; false : turns on the rear camera.

viewId returned by TRTCCloudVideoView , the class that loads video

viewld int .
images

switchCamera

This API is used to switch between the front and rear cameras.
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void switchCamera(bool isFrontCamera);

The parameters are as detailed below:

Parameter Type Description

true : switches to the front camera; false : switches to the rear
camera.

isFrontCamera bool

closeCamara

This API is used to turn the camera off.

void closeCamera();

setMicMute

This API is used to mute the local mic.

void setMicMute(bool isMute);

The parameters are as detailed below:

Parameter Type Description
isMute bool true : mutes the mic; false : unmutes the mic.
setHandsFree

This API is used to enable the hands-free mode.

void setHandsFree(bool isHandsFree);

The parameters are as detailed below:

Parameter Type Description

true : enables the hands-free mode; false : disables the hands-free
mode.

isHandsFree bool

TRTCCallingDelegate Callback APIs
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Common Event Callback APIs

onError

Callback for error.

Note :
This callback indicates that the SDK encountered an unrecoverable error. Such errors must be

listened for, and Ul reminders should be sent to users if necessary.

The parameters are as detailed below:

Parameter Type Description
code int Error code
msg String Error message

Inviter Callback APIs

onReject

The call was declined.

The parameters are as detailed below:

Parameter Type Description
userld String User ID of the invitee who declined the call
onNoResp

The invitee did not answer.

The parameters are as detailed below:

Parameter Type Description
userld String User ID of the invitee who did not answer
onLineBusy
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The line is busy.

The parameters are as detailed below:

Parameter Type Description

Tencent Real-Time Communication

userld String User ID of the invitee whose line is busy

Invitee Callback APIs

onlnvited

A call invitation was received.

The parameters are as detailed below:

Parameter Type
sponsor String
userlds List<String>
isFromGroup bool

type int

onCallingCancel

Description

User ID of the inviter

IDs of other users invited
Whether it is a group call

1 raudio call; 2 : video call

The call was canceled. The invitee will receive this callback if the inviter cancels the invitation before

he or she handles it.

onCallingTimeOut

The call timed out.

General Callback APIs

onUserEnter

A user joined the call.

The parameters are as detailed below:

Parameter Type
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Parameter Type Description
userld String ID of the user who joined the call
onUserLeave

A user left the call.
The parameters are as detailed below:
Parameter Type Description

userld String ID of the user who left the call

onUserAudioAvailable

Whether a user is sending audio.

The parameters are as detailed below:

Parameter Type Description
userld String User ID
available boolean Whether the user has available audio

onUserVideoAvailable

Whether a user is sending video. After receiving this callback, you can call startRemoteView to

render the remote user's video.

The parameters are as detailed below:

Parameter Type Description
userld String User ID
available boolean Whether the user has available video

onUserVoiceVolume

Call volume of a user.

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description

userVolumes List Volume of every speaking user in the room. Value range: 0-100.

totalVolume int Total volume of all remote users. Value range: 0-100.
onCallEnd

The call ended.

©2013-2019 Tencent Cloud. All rights reserved. Page 97 of 777



@Tencent Cloud Tencent Real-Time Communication

Audio Call
Audio Call (i0S)

Last updated : 2022-03-17 15:40:35

Demo Ul

You can download and install the app we provide to try out the real-time audio/video call feature.

Call Answer
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123 rain
Waiting for the user to accept... Invited you to an audio call...
e o
Mic Hang Up Speaker Decline Answer

Note :
To make it easier for you to implement the real-time audio/video call feature, we have
refactored the TUICalling component. You no longer need to pay attention to Ul as it is now

implemented within the TUICalling component.
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Running the Demo

Step 1. Create an application

Tencent Real-Time Communication

1. Log in to the TRTC console and select Development Assistance > Demo Quick Run.

2. Enter an application name such as TestVideoCall and click Create.

3. Click Next.

° Create Application

>

o Download Source

Code

(0 Download SDK and Auxiliary Demo Source Code

Platform

108

Android

MacOS
Electron
Windows

Flutter

Previous

Note :

Operation

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

This feature uses two basic PaaS services of Tencent Cloud, namely TRTC and IM. When you

activate TRTC, IM will be activated automatically. IM is a value-added service. See Pricing for its

billing details.

Step 2. Download the application source code

Clone or download the TUICalling source code.

Step 3. Configure application project files
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1. In the Modify Configuration step, select your platform.
2. Find and open i0S/Example/Debug/GenerateTestUserSig. swift .

3. Set the following parameters in GenerateTestUserSig. swift :

o SDKAPPID: "0 by default. Set it to the actual "SDKAppID".
o SECRETKEY: left empty by default. Set it to the actual key.

- Download Source Medify
° Create Application Code Configuration

ava/com/tencent/liteav/de

Paste SDKApplD and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDema/debug/src/mainyj

bug/GenerateTestUserSigjava Filz

Speci'ﬁed Location Android i0S&macos Windows(C++) Windows(C#) Web Mini Program Electron

public class GenerateTestUserSig {

SDKAppID Copy
private static final int|soEarPIp = 0:
Secret Key Copy

b private static final int EXFIRETIME = 604800

private static fimal String| SECRETKE

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

» The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and
reversed, and if your key is disclosed, attackers can steal your Tencent Cloud traffic.
Therefore, this method is suitable only for the local execution and debugging of
the app.
« The correct UserSig distribution method is to integrate the calculation code of UserSig

into your server and provide an application-oriented APl. When UserSig is needed, your
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application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the application

Open the source code project TUICalling/Example/TUICallingApp. xcworkspace with Xcode (version 11.0

or above) and click Run.

Tryout

Note :

You need at least two devices to try out the application.

User A

1. Enter a username (which must be unique) and log in.
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)
-
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2. Enter the userId of the person you want to call and tap Search.

3. Tap Call and select Video Call (Make sure that the callee is active in the application, or
the call may fail).

User B

1. Enter a username (which must be unique) and log in.
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2. Go to the homepage and wait for the incoming call.

Integration Directions

In the source code, the Source folder contains three subfolders: ui , model , and Service . The

Service subfolder includes the open-source TUICallingManager component, which we share with
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the public. You can find the component’s APIs in the TUICallingManager.h file.

. . Open-source component based on IM
TUICalling SDK and TRTC SDK

TRTC component for real-time audio/
video communication

IM component for serial call and
message answering

You can enable the real-time audio/video call feature for your project with ease using the open-
source TUICalling and TUICallingManager components, with no need to implement complicated call
Ul or logic by yourself.

Step 1. Integrate the SDKs

The call component TRTCCalling depends on the TRTC SDK and IM SDK. You can integrate the two
SDKs into your project by following the steps below:

« Method 1: adding dependencies via CocoaPods

pod ' TXIMSDK_i0S’
pod ’ TXLiteAVSDK_TRTC’

« Method 2: adding dependencies through local files
If your access to the CocoaPods repository is slow, you can download the ZIP files of the SDKs and

manually integrate them into your project as instructed in the documents below.

SDK Download Page Integration Guide
TRTC SDK Download Integration Documentation
IM SDK Download Integration document

Step 2. Configure permission requests

Configure camera and mic permission requests by adding Privacy - Camera Usage Description and

Privacy - Microphone Usage Description in info.plist .

Step 3. Import the TUICalling component

To import the component through CocoaPods, follow the steps below:
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1. Copy the Source , Resources , and TXAppBasic folders and the TUICalling.podspec file under the
demo project directory to your project directory.
2. Add the following dependencies to your Podfile and run pod install to complete the import.

pod ' TXAppBasic’, :path =8gt; ”../TXAppBasic/”
pod ' TXLiteAVSDK TRTC’
pod 'TUICalling’, :path =8&gt; ”../”, :subspecs =&gt; ["TRTC”]

Step 4. Initialize the component and log in

1. Call TUICallingManager.sharedInstance() to initialize the component.
2. Call TUILogin. initWithSdkAppID(SDKAPPID) to initialize login.
3. Call TUILogin. login(userId, userSig) to log in to the component. Specify the key parameters as

described below:

Parameter Description
sdkApplID You can view "SDKAppID" in the TRTC console.

ID of the current user, which is a string that can contain letters (a-z and A-Z),
userld digits (0-9), hyphens (-), and underscores (_). We recommend you set it based
on your business account system.

Tencent Cloud's proprietary security signature. For the calculation method,

usersSi
g please see UserSig.

// Initialize the component

TUICallingManager. sharedInstance();

// Log in to the component

TUILogin. initWithSdkAppID(SDKAPPID)

TUILogin. login(userId, userSig) {

print(”login success”)

} fail: { code, errorDes in

print(”login failed, code:¥(code), error: ¥(errorDes ?? "nil”)”)

}

Step 5. Make an audio/video call

1. Caller: call call(); of TUICallingManager to initiate a call, passing in the user IDs ( userIDs ) and
call type ( type ). For the call type, you can pass in .audio (audio call) or .video (video call). If
only one user ID is passed in for userIDs , the call is a one-to-one call; if two or more user IDs are

passed in, the call is a group call.
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2. Callee: If a callee is logged in, the answering view will be displayed. If you want offline users to

receive call invitations, please see Enable offline call answering.

// 2. Register the listener
TUICallingManager. shareInstance().setCallinglListener(listener: TUICallingListerner())

// 2. Set whether to enable custom views (disabled by default)
TUICallingManager. shareInstance(). enableCustomViewRoute(enable: true)

// 3. Set callbacks
public func shouldShowOnCallView() -&gt; Bool {
return true;

}

public func callStart(userIDs: [String], type: TUICallingType, role: TUICallingRole, viewControll
er: UIViewController?) { if let vc = viewController {

callingVC = vc;

vc. modalPresentationStyle = . fullScreen

if var topController = UIApplication. shared. keyWindow?. rootViewController {
while let presentedViewController = topController.presentedViewController {
topController = presentedViewController

}

if let navigationVC = topController as? UINavigationController {
if navigationVC. viewControllers. contains(self) {

present(vc, animated: false, completion: nil)

} else {

navigationVC. popToRootViewController(animated: false)
navigationVC. pushViewController(self, animated: false)
navigationVC.present(vc, animated: false, completion: nil)

}

} else {

topController.present(vc, animated: false, completion: nil)

}

}

}

}

public func callEnd(userIDs: [String], type: TUICallingType, role: TUICallingRole, totalTime: Flo
at) {

callingVC.dismiss(animated: true, completion: nil)

}

public func onCallEvent(event: TUICallingEvent, type: TUICallingType, role: TUICallingRole, messa
ge: String) {
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}
// 4. Make a call
TUICallingManager. shareInstance().call(userIDs, .video)

Step 6. Enable offline call answering

Note :
If your project does not require the offline answering feature, for example, if it offers online
customer service, your integration can end at step 5. If your project is a social networking

service, we recommend you enable offline answering.

The IM SDK supports offline push, but additional configuration is required to enable the feature.

1. Apply for an Apple push certificate. For detailed directions, please see Obtaining Apple Push
Notification Service Certificates.

2. Configure offline push on the backend and client. For detailed directions, please see Offline Push
(i0S).

3. The offline push API has been integrated into the signaling API ( sendModel ) of TRTCCallingImpl .
After completing the offline push configuration for your application, you will be able to send
notifications to offline users.

Component APIs

The table below lists the APIs of the TUICalling component.

API Description

call Sends call invitations by user ID.
receiveAPNSCalled Answers a call.

setCallingListener Sets the listener.

setCallingBell Sets the ringtone (preferably shorter than 30s).
enableMuteMode Enables/Disables the mute mode.
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API Description

Enables/Disables custom views. After enabling custom views, you
will receive a CallingView instance in the callback for calling/being

enableCustomViewRoute called, and can decide how to display the view by yourself. The view
must be displayed full screen or in proportion to the screen size;

otherwise, an error may occur.
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Audio Call (Android)

Last updated : 2022-03-17 15:41:03

Demo Ul

You can download and install the app we provide to try out the real-time audio/video call feature.

Call Answer
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Note :
To make it easier for you to implement the real-time audio/video call feature, we have
refactored the TUICalling component. You no longer need to pay attention to Ul as it is now

implemented within the TUICalling component.
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Running the Demo

Step 1. Create an application

Tencent Real-Time Communication

1. Log in to the TRTC console and select Development Assistance > Demo Quick Run.

2. Enter an application name such as TestVideoCall and click Create.

3. Click Next.

° Create Application > o Download Source
Code

(i) Download SDK and Auxiliary Demo Source Code

Platform Operation

108 Download at GitHub Download at Gitee
Android Download at GitHub Download at Gitee
Web Download at GitHub Download at Gitee
MacOS Download at GitHub Download at Gitee
Electron Download at GitHub Download at Gitee
Windows Download at GitHub Download at Gitee
Flutter Download at GitHub

Note :

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

This feature uses two basic PaaS services of Tencent Cloud, namely TRTC and IM. When you

activate TRTC, IM will be activated automatically. IM is a value-added service. See Value-added

Service Pricing for its billing details.

Step 2. Download the application source code

Clone or download the TUICalling source code.

Step 3. Configure application project files
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1. In the Modify Configuration step, select your platform.

2. Find and open Android/Debug/src/main/java/com/tencent/Liteav/debug/GenerateTestUserSig. java .

3. Set parameters in GenerateTestUserSig. java :

o SDKAPPID: a placeholder by default. Set it to the actual "SDKAppID".
o SECRETKEY: a placeholder by default. Set it to the actual key.

- Download Source Medify
° Create Application Code Configuration

Paste SDKApplD and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemoa/debug/sre/main/java/com/tencent/liteav/de

bug/GenerateTestUserSigjava Filz

Speci'ﬁed Location Android i0S&macos Windows(C++) Windows(C#) Web Mini Program Electron

public class GenerateTestUserSig {

SDKAppID Copy
private static final int|soEarrip = o:
Secret Key Copy

b private static final int EXFIRETIME = 604800

private static fimal String| SECRETKE

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

» The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and
reversed, and if your key is disclosed, attackers can steal your Tencent Cloud traffic.
Therefore, this method is suitable only for the local execution and debugging of
the app.
« The correct UserSig distribution method is to integrate the calculation code of UserSig

into your server and provide an application-oriented APl. When UserSig is needed, your

©2013-2019 Tencent Cloud. All rights reserved. Page 113 of 777



@Tencent Cloud Tencent Real-Time Communication

application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the application

Open the source code project TUICalling with Android Studio (version 3.5 or above) and click Run.

Tryout

Note :

You need at least two devices to try out the application.

User A

1. Enter a username (which must be unique) and log in.
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2. Enter the userId of the person you want to call and tap Search.

3. Tap Call and select Video Call (Make sure that the callee is active in the application, or
the call may fail).

User B

1. Enter a username (which must be unique) and log in.
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17:37 4 il 2= )

Welcome to Tencent Real-
Time Communication

222

2. Go to the homepage and wait for the incoming call.

Integration Directions

In the source code, the Source folder contains two subfolders: ui and model . The model

subfolder includes the open-source TUICallingManager component, which we share with the public.
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You can find the component’s APIs in the TUICalling. java file.

. . Open-source component based on IM
TUICalling SDK and TRTC SDK

. TRTC component for real-time audio/
video communication

. IM component for serial call and
message answering

You can enable the real-time audio/video call feature for your project with ease using the open-
source TUICalling and TUICallingManager components, with no need to implement complicated call
Ul or logic by yourself.

Step 1. Integrate the SDKs
The audio/video call component TUICalling depends on the TRTC SDK and IM SDK. Follow the steps

below to integrate the two SDKs into your project:

Method 1: adding dependencies via mavenCentral

1. Add the TRTC SDK and IM SDK dependencies to dependencies .

dependencies {
compile "com. tencent. liteav:LiteAVSDK TRTC: latest. release”
compile 'com. tencent. imsdk: imsdk: latest. release’

// As we use Gson for parsing, you also need to add the Google Gson dependency.
compile 'com.google. code. gson:gson: latest. release’

}

2. In defaultConfig , specify the CPU architecture to be used by your application.

defaultConfig {

ndk {

abiFilters "armeabi-v7a”
}

}

3. Click Sync Now to sync the SDKs.
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Note :
If you have no problem connecting to mavenCentral, the SDKs will be downloaded and

integrated into your project automatically.

Method 2: adding dependencies through local AAR files

If your access to the mavenCentral repository is slow, you can download the ZIP files of the SDKs and

manually integrate them into your project as instructed in the documents below.

SDK Download Page Integration Guide
TRTC SDK Download Integration document
IM SDK Download Integration documentation

Step 2. Configure permission requests and obfuscation rules

Configure permission requests for your application in AndroidManifest.xml . The SDKs need the
following permissions (on Android 6.0 and above, the camera and read storage permissions must be

requested at runtime.)

{uses-permission android:name="android. permission. INTERNET” />
<uses-permission android:name="android.permission. ACCESS NETWORK STATE” />
<uses-permission android:name="android. permission. ACCESS WIFI STATE” />
uses-permission android:name="android.permission. WRITE_EXTERNAL STORAGE” />
{uses-permission android:name="android. permission, READ EXTERNAL STORAGE” />
uses-permission android:name="android. permission. RECORD AUDIO” />
<uses-permission android:name="android.permission. MODIFY AUDIO SETTINGS” />
<{uses-permission android:name="android. permission. BLUETOOTH” />
{uses-permission android:name="android.permission. CAMERA” />
{uses-permission android:name="android. permission. READ PHONE STATE” />
<uses-feature android:name="android. hardware. camera”/>

{uses-feature android:name="android. hardware, camera, autofocus” />

In the proguard-rules.pro file, add the SDK classes to the "do not obfuscate" list.

-keep class com. tencent. *xx { *;}

Step 3. Import the TUICalling component

Copy the Source directory to your project and importitin setting.gradle as shown below:
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include ’ :Source’

Step 4. Initialize the component and log in

1. Call TUICallingManager.sharedInstance() to initialize the component.

2. Call TUILogin. init(context, SDKAppID, config, Llistener) to initialize login.

3. Call TUILogin. login(userld, userSig, callback) to log in tothe component. Specify the key
parameters as described below:

Parameter Description
SDKAppID You can view "SDKAppID™ in the TRTC console.

ID of the current user, which is a string that can contain letters (a-z and A-Z),
userld digits (0-9), hyphens (-), and underscores (_). We recommend you set it based
on your business account system.

Tencent Cloud's proprietary security signature. For the calculation method,

userSig .
please see UserSig.
. SDK configuration, which is used to set the log output level and log callback. You
config N . . .
can pass null” for this parameter. For details, see the sample code below.
listener IM listener, which is used to listen for some crucial callbacks, such as forced
logout and “userSig™ expiration. For details, see the sample code below.
callback Callback for login, which indicates whether login is successful. For details, see

the sample code below.

// Initialize the component

TUICallingManager manager = TUICallingManager. sharedInstance();
// Log in to the component

V2TIMSDKConfig config = new V2TIMSDKConfig();

config. setLoglLevel (V2TIMSDKConfig. V2TIM LOG DEBUG);
config.setLoglListener (new V2TIMLogListener() {

@0verride

public void onLog(int logLevel, String logContent) {

}

});

TUILogin. init(this, ${Your “SDKAPPID'}, config, new V2TIMSDKListener() {
@0verride

public void onKickedOffline() { // Callback for forced logout
mIsKickedOffline = true;

checkUserStatus();
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}

@0verride

public void onUserSigExpired() { // Callback for “userSig expiration
mIsUserSigExpired = true;

checkUserStatus() ;

}

});

TUILogin. login("${Your “userId }”, "${Your “userSig }”, new V2TIMCallback() {
@0verride

public void onError(int code, String msg) {

Log. d(TAG, ”"code: ” + code + ” msg:” + msg);

}

@0verride

public void onSuccess() {

Log. d(TAG, ”onSuccess”);

}

});

Step 5. Make an audio/video call

1. Caller: Call call(); of TUICallingManager to initiate a call, passing in the user IDs ( userids ) and
call type ( type ). For the call type, you can pass in TUICalling. Type.AUDIO (audio call) or
TUICalling. Type.VIDEO (video call). If only one user ID is passed in for userids , the call is a one-
to-one call; if two or more user IDs are passed in, the call is a group call.
2. Callee: If a callee is logged in, the answering view will be displayed. If you want offline users to

receive call invitations, please see Enable offline call answering.

// 1. Initialize the component

TUICallingManager manager = TUICallingManager.sharedInstance();
// 2. Register the listener

manager.setCallingListener(new TUICalling. TUICallingListener() {
@0verride

public boolean shouldShowOnCallView() {

return true;

}

@0verride

public void onCallStart(String[] userIDs, TUICalling.Type type, TUICalling.Role role, final View
tuiCallingView) {

if (IshouldShowOnCallView() || null == tuiCallingView) {

return;

}

runOnUiThread(new Runnable() {

@0verride
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public void run() {

FramelLayout. LayoutParams params = new FramelLayout.lLayoutParams(FramelLayout.LayoutParams. MATCH PAR
ENT, FramelLayout.LlLayoutParams. MATCH PARENT);

mCallingView = tuiCallingView;

addContentView(tuiCallingView, params);

}

});

}

@0verride
public void onCallEnd(String[] userIDs, TUICalling.Type type, TUICalling.Role role, long totalTim
e) {

removeView();

}

@0verride

public void onCallEvent(TUICalling.Event event, TUICalling.Type type, TUICalling.Role role, Strin
g message) {

if (TUICalling.Event.CALL FAILED == event) {

removeView() ;

}

}

1)
// 3. Make a call
manager.call(userIDs, TUICalling. Type.VIDEO);

Step 6. Enable offline call answering

Note :
If your project does not require the offline answering feature, for example, if it offers online
customer service, your integration can end at step 5. If your project is a social networking

service, we recommend you enable offline answering.

The IM SDK supports offline push. However, since the offline push service of Android phones varies
from vendor to vendor, the configuration required to enable offline push for Android is more
complicated than that for iOS.

1. Apply for a certificate required by the vendor's push channel, configure it in the IM console, and
add the certificate and ID as required. For detailed directions, please see IM > Offline Push
(Android).

2. The offline push APl has been integrated into the signaling API ( sendModel ) of TRTCCallingImpl .

After completing the offline push configuration for your application, you will be able to send
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notifications to offline users.

Component APIs

The table below lists the APIs of the TUICalling component.

API Description

call Sends call invitations by user ID.
receiveAPNSCalled Answers a call.

setCallingListener Sets the listener.

setCallingBell Sets the ringtone (preferably shorter than 30s).
enableMuteMode Enables/Disables the mute mode.

Enables/Disables custom views. After enabling custom views, you
will receive a CallingView instance in the callback for calling/being

enableCustomViewRoute called, and can decide how to display the view by yourself. The view
must be displayed full screen or in proportion to the screen size;
otherwise, an error may occur.
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Audio Call (Web)

Last updated : 2022-04-02 16:27:03

This document describes how to implement browser-based audio calls.

e Part 1 describes how to activate the service and run the demo.

» Part 2 describes how to build your own audio call feature using the TRTCCalling component.

Environment Requirements

Currently, the desktop version of Chrome offers better support for the features of the TRTC Web SDK;
therefore, Chrome is recommended for the demo.

TRTCCalling uses the following ports and domain name for data transfer, which should be added to
the allowlist of the firewall. After configuration, please use official demo to check whether the

configuration has taken effect.

e TCP port: 8687
« UDP ports: 8000, 8080, 8800, 843, 443, 16285
o Domain name: gcloud.rtc.qq.com

For details, please see Dealing with Firewall Restrictions.

Supported Platforms

The service supports the following platforms:

oS Browser (Desktop) Minimum Browser Version Requirement
macOS Safari 11+

macOS Chrome 56+

macOS Firefox 56+

macOS Edge 80+

Windows Chrome 56+

Windows QQ Browser (WebKit core) 10.4+

Windows Firefox 56+
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0S Browser (Desktop) Minimum Browser Version Requirement
Windows Edge 80+
Note :

For more information on browser compatibility, please see Browsers Supported. You can also

run an online test using the TRTC compatibility check page.

URL Protocol Support

Scenario

Production

Production

Local
development

Local
development

Local
development

Local
development

Protocol

HTTPS

HTTP

http://localhost

http://127.0.0.1

http://[local IP
address]

file:///

Running the Demo

Step 1. Create an application

Receive
(Playback)

Supported

Supported

Supported

Supported

Supported

Supported

Send
(Publish)

Supported

Not
supported

Supported

Supported

Not
supported

Supported

1. Sign up for a Tencent Cloud account and verify your identity.

Share
Screen

Supported

Not
supported

Supported

Supported

Not
supported

Supported

2. In the TRTC console, click Development Assistance > Demo Quick Run.

3. Enter an application name such as TestTRTC and click Create.

Step 2. Download the demo

©2013-2019 Tencent Cloud. All rights reserved.

Remarks

Recommended

Recommended
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1. You can download the source code of the web demo at TUICalling.

2. Click Next.

° Create Application > o Download Source
Code

(i) Download SDK and Auxiliary Demo Source Code

Platform Operation

i08 Download at GitHub Download at Gitee
Android Download at GitHub Download at Gitee
Web Download at GitHub Download at Gitee
MacOSs Download at GitHub Download at Gitee
Electron Download at GitHub Download at Gitee
Windows Download at GitHub Download at Gitee
Flutter Download at GitHub

Next Previous

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Step 3. Configure the demo project file

1. In the Modify Configuration step, select your platform.

2. Find and open the Web/public/debug/GenerateTestUserSig. js file.
3. Set the following parameters in the GenerateTestUserSig. js file:
o SDKAPPID: "0 by default. Set it to the actual "SDKAppID".

o SECRETKEY: Left empty by default. Set it to the actual key.

©2013-2019 Tencent Cloud. All rights reserved.
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A Download Source Medify
° Create Application Code Configuration

Paste SDKAPPID and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemo/debug/src/main/fjava/com/tencent/liteav/de

bug/GenerateTestUserSig java File

S peci'ﬁ ed LO catio n Android 10S&mac0s Windows(C++) Windows(C#) Weh Mini Program Electron

public class GenerateTestUserSig {

SDKARPID  Copy

private static fimal ine|SDEAPPID = 0;

Secret Key Copy

private static final int EXFIRETIME = 604800

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

» In this document, the method to obtain UserSig is to configure a SECRETKEY in the client
code. In this method, the SECRETKEY is vulnerable to decompilation and reverse
engineering. Once your SECRETKEY is leaked, attackers can steal your Tencent Cloud traffic.
Therefore, this method is only suitable for locally running a demo project and
feature debugging.

« The correct UserSig distribution method is to integrate the calculation code of UserSig
into your server and provide an application-oriented APl. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the demo
1. In the demo directory, run the following commands in turn:

npm install
npm run serve

©2013-2019 Tencent Cloud. All rights reserved. Page 126 of 777


https://intl.cloud.tencent.com/document/product/647/35166

@Tencent Cloud Tencent Real-Time Communication

2. Open Chrome and visit http://localhost:8080/ . If the above steps are performed correctly, you

will see the page below:

Tencent TRTC Real-time Interaction Home more

3. Enter a user ID, click Sign in, and select Audio.

Tencent TRTC Real-time Interaction Home more

Welcome 444

4. Enter the user ID of the callee and click call.

Tencent TRTC Real-time Interaction Home more v

Welcome 444

Audio Call

call
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5. Start the audio call.

Tencent TRTC Real-time Interaction Home

Welcome 444

Audio Call

Audio Call Area

333

Building Your Own Audio Call Feature

Step 1. Import the TRTCCalling component

Note :

o Since version 0.6.0, you need to manually install dependencies trtc-js-sdk, tim-js-sdk, and
tsignaling.

o To reduce the size of trtc-calling-js.js and prevent version conflict between trtc-
calling-js. js and the already-in-use trtc-js-sdk , tim—js-sdk or tsignaling , the latter
three are packaged as external dependencies, which you need to install manually before

use.

npm install trtc-js-sdk --save
npm install tim-js-sdk --save
npm install tsignaling --save

npm install trtc-calling-js —-—save
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// If you import “trtc-calling-js™ via a script, you need to manually import the following resour
ces in the specified order.

<script src="./trtc. js"></scriptd

<script src="./tim-js. js"><{/script>

{script src="./tsignaling. js”"><{/script>
{script src="./trtc-calling-js. js”"><{/script>

Step 2. Create a TRTCCalling object

Create a TRTCCalling object, setting SDKAppID to the SDKAppID of your application.

import TRTCCalling from 'trtc-calling-js’;

let options = {

SDKAppID: 0, // Replace O with your “SDKAppID when connecting

// The “tim" parameter is added starting from v@. 10.2

// The parameter guarantees the uniqueness of an existing TIM instance.
tim: tim

};

const trtcCalling = new TRTCCalling(options);

Step 3. Log in

trtcCalling. login({
userID,
userSig,

1)

Step 4. Make a one-to-one call
o Caller: call a user

trtcCalling.call({

userID, // User ID

type: 1, // Call type. "0 : unknown; 1 : audio call; "2 : video call
timeout // Timeout threshold, in seconds

1);

o Callee: process a call invitation
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// Answer
trtcCalling.accept();
// Reject
trtcCalling. reject()

- Hang up

trtcCalling. hangup()

FAQs

Why can’t |1 get through to a user? Why am I kicked offline?

The TRTCCalling component does not support login of multiple instances or offline signaling for
the time being. Please make sure that your current login is unique.

Note :

o Multiple instances: A user logs in with the same account multiple times or on different
devices, which disrupts signaling.

« Offline signaling: Only online instances can receive messages. Messages sent to offline
instances will not be sent again when the instances go online.
For FAQs, see TRTCCalling for Web.

Technical Support

If you have other questions, you can fill out a contact form or email colleenyu@tencent.com.

Learn More

« TRTCCalling web demo

e TRTCCalling for npm

» Source code of TRTCCalling web demo
« TRTCCalling web APIs

* FAQs
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Audio Call (Flutter)

Last updated : 2022-03-17 15:45:31

To quickly implement the audio call feature, you can use the demo we provide and adapt it to your

needs. You can also use the TRTCCalling component and customize your own Ul.

Using the Demo Ul

Step 1. Create an application

1. Log in to the TRTC console and select Development Assistance > Demo Quick Run.

2. Enter an application name such as TestAudioCall , and click Create.

Note :
This feature uses two basic PaaS services of Tencent Cloud, namely TRTC and IM. When you
activate TRTC, IM will be activated automatically. IM is a value-added service. See Pricing for its

billing details.

Step 2. Download the SDK and demo source code

1. Download the SDK and demo source code for your platform.
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2. Click Next.

° Create Application

>

Download Source

Code

(i) Download SDK and Auxiliary Demo Source Code

Platform
i0s

Android

MacO5
Electron
Windows

Flutter

Previous

Operation

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at GitHub

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Step 3. Configure the demo project file

1. In the Modify Configuration step, select your platform.
2. Find and open /example/lib/debug/GenerateTestUserSig.dart .
3. Set parameters in GenerateTestUserSig.dart as follows.

Tencent Real-Time Communication

o SDKAPPID: a placeholder by default. Set it to the actual "SDKAppID".

o "SECRETKEY': a placeholder by default. Set it to the actual key.

IT1(https://main.qcloudimg.com/raw/87dc814a675692e76145d76aab91b414.png)

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

« The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and

reversed, and if your key is leaked, attackers can steal your Tencent Cloud traffic. Therefore,

this method is only suitable for the local execution and debugging of the demo.
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« The correct UserSig distribution method is to integrate the calculation code of UserSig
into your server and provide an application-oriented APl. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the demo

Note :
An Android project must be run on a real device rather than a simulator.

1. Run flutter pub get .

2. Compile, run, and test the project.
Android

o i0S

i. Run flutter run .

[o]

ii. Open the demo project with Android Studio (3.5 or above), and click Run.

Step 5. Modify the demo source code

The TRTCCallingDemo folder in the source code contains two subfolders: ui and model . The ui

folder contains the Ul code.

File or Folder Description

The main view for audio/video calls, where calls are

TRTCCallingVideo.dart
9 answered/declined

The view for contacts, where one can search for registered users to

TRTCCallingContact.dart call

Customizing Ul

The TRTCCallingDemo folder in the source code contains two subfolders: ui and model . The model

subfolder contains the reusable open-source component TRTCCalling . You can find the component's
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APIs in TRTCCalling.dart .

Open-source component based
on IM SDK and TRTC SDK

TRTC component for real-time
audio/video communication

r IM component for serial
®  call and message answering

You can use the open-source component TRTCCalling to customize your own Ul. This means you will
use the model of the demo but design the Ul by yourself.

Step 1. Integrate the SDK

The audio/video call component TRTCCalling depends on the TRTC SDK and IM SDK. You can
configure pubspec.yaml to download their updates automatically.

Add the following dependencies to pubspec.yaml of your project.

dependencies:
tencent trtc cloud: latest version number
tencent im sdk plugin: latest version number

Step 2. Configure permission requests and obfuscation rules
* i0OS
« Android

Add request for mic permission in Info.plist :

<key>NSMicrophoneUsageDescription</key>
<{string>Audio calls are possible only with mic access.</string>

Step 3. Import the TRTCCalling component

Copy all the files in model to your project.

/Lib/TRTCCal lingDemo/mode l
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Step 4. Initialize the component and log in

1.
2.

Call TRTCCalling.sharedInstance() to get an instance of the component.
Call login(SDKAppID, userld, userSig) to log in tothe component. For the key parameters passed

in, see the table below.

Parameter Description
SDKAppID You can view “SDKAppID" in the TRTC console.

ID of the current user, which is a string that can contain only letters (a-z and A-
userld Z), digits (0-9), hyphens (-), and underscores (_). We recommend that you keep
it in line with your user account system.

Tencent Cloud's proprietary security signature. For how to calculate and use a

usersSi
g signature, please see UserSig.

// Initialize
sCall = await TRTCCalling.sharedInstance();
sCall. Login(1400000123, “"userA”, "xxxx”);

Step 5. Make a one-to-one audio call

1.

The caller calls call() of TRTCCalling , passing in the user ID of the callee ( userid ) and call
type ( type ). For an audio call, the call type should be TRTCCalling. typeAudioCall .

. The callee, if logged in, will receive the onInvited() callback and can start the corresponding

view based on the call type set by the inviter, which is represented by callType in the callback.

. The callee can call accept() to answer the call and openCamera() to turn the local camera on. He

or she can also call reject() to reject the call.

. After communication is established between the caller and callee, they will both receive the

onUserAudioAvai lable() event notification, which indicates that they have received each other’s

audio. Remote audio will be played back automatically by default.

Component APIs

The table below lists the APIs of the TRTCCalling component.

API Description

Registers a TRTCCalling listener, through which users can receive status

registerListener S
notifications.
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API Description

unRegisterListener Unregisters a listener.

destroy Destroys an instance.
login Logs in to IM. All features can be used only after login.
logout Logs out of IM. Calls cannot be made after logout.

Makes a C2C call. The invitee will receive the onlInvited event

call notification.

accept Answers a call.

reject Declines a call.

hangup Ends a call.

setMicMute Mutes/Unmutes the mic.

setHandsFree Enables/Disables the hands-free mode.
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TUICalling APIs (iOS)

Last updated : 2022-03-17 15:49:09

TUICalling is an open-source class based on two closed-source SDKs: Tencent Cloud Real-Time
Communication (TRTC) and Instant Messaging (IM). It supports one-to-one and group audio calls. For

detailed instructions how to implement it, see Real-Time Audio Call (i0S).

o TRTC SDK: The TRTC SDK is used as a low-latency audio/video call component.

» IM SDK: The IM SDK is used to send and process signaling messages.

TUICalling API Overview

Basic SDK APIs

API Description

sharedinstance Gets a singleton.

call Sends call invitations by user ID.
receiveAPNSCalled Answers a call.

setCallingListener Sets the listener.

setCallingBell Sets the ringtone (preferably shorter than 30s).
enableMuteMode Enables/Disables the mute mode.
enableCustomViewRoute Enables/Disables custom views.

TUICallingListener API Overview

Event callbacks
API Description

Callback of whether the answering view is displayed when there is an

shouldShowOnCallView ) .
incoming call

Callback for starting calling. This callback is triggered for both callers
and callees.

onCallStart
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Callback for ending a call. This callback is triggered for both callers

API Description
onCallEnd

and callees.
onCallEvent Call event callback

Type

Call type
Enumerated Type
TUICallingTypeAudio

TUICallingTypeVideo

Role

Role type
Enumerated Type
TUICallingRoleCall

TTUICallingRoleCalled

Event

Event type
Enumerated Type
TUICallingEventCallStart
TUICallingEventCallSucceed
TUICallingEventCallEnd

TUICallingEventCallFailed

©2013-2019 Tencent Cloud. All rights reserved.

Description
Audio call

Video call

Description
Caller

Callee

Description

The call started.

The call was connected successfully.
The call ended.

The call failed.
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Basic SDK APIs

sharedinstance

This APl is used to get a singleton of the TUICallingManager component.

+ (instancetype)sharelnstance;

call

This APl is used to send call invitations by user ID.

- (void)call:(NSArray<NSString *> *)userIDs type:(TUICallingType)type;

The parameters are as detailed below:

Parameter Type Description

userlDs NSArray List of the user IDs of call participants

type TUICallingType Call type: audio/video
receiveAPNSCalled

This API is used to answer a call.

- (void)receiveAPNSCal led: (NSArray<NSString *> *)userIDs type:(TUICallingType)type;

The parameters are as detailed below:

Parameter Type Description

userlDs NSArray List of the user IDs of call participants

type TUICallingType Call type: audio/video
setCallingListener

This API is used to set the listener.

- (void)setCallingListener:(id<TUICallingListerner>)listener;

The parameters are as detailed below:

©2013-2019 Tencent Cloud. All rights reserved.
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Parameter Type Description

listener TUICallingListener Listener of the TUIcalling component

setCallingBell

This APl is used to set the ringtone (preferably shorter than 30s).

- (void)setCallingBell: (NSString *)filePath;

The parameters are as detailed below:

Parameter Type Description
filePath NSString Path of the ringtone file
enableMuteMode

This API is used to enable/disable the mute mode.

- (void)enableMuteMode: (BOOL)enable;
The parameters are as detailed below:

Parameter Type Description

enable BOOL Whether to enable the mute mode

enableCustomViewRoute

This API is used to enable/disable custom views.
After enabling custom views, you will receive a CallingViewController instance in the callback for

calling/being called, and can decide how to display the view by yourself.

Note :

The view must be displayed full screen; otherwise, an error may occur.

- (void)enableCustomViewRoute: (BOOL)enable;

The parameters are as detailed below:
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Parameter Type Description

enable BOOL Whether to enable custom views

TUICallingListener Callback APIls

shouldShowOnCallView

Callback of whether the answering view is displayed when there is an incoming call.

- (BOOL)shouldShowOnCal lView;

The parameters are as detailed below:

Parameter Type Description
Return value BOOL Whether the answering view is displayed
onCallStart

Callback for starting calling, which is triggered for both callers and callees.

- (void)callStart: (NSArray<NSString *> *)userIDs type:(TUICallingType)type role:(TUICallingRole)r
ole viewController:(UIViewController * Nullable)viewController;

The parameters are as detailed below:

Parameter Type Description
userlIDs NSArray List of the user IDs of call participants
type TUICallingType Call type: audio/video
role TUICallingRole Role type: caller/callee
viewController UlViewController Calling view controller

onCallEnd

Callback for ending a call, which is triggered for both callers and callees. If enableCustomViewRoute is

set to NO , this callback will not be triggered.
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- (void)cal lEnd: (NSArray<NSString %> x)userIDs type:(TUICallingType)type role:(TUICallingRole)rol

e totalTime: (CGFloat)totalTime;

The parameters are as detailed below:

Parameter Type

userlDs NSArray

type TUICallingType

role TUICallingRole

totalTime CGFloat
onCallEvent

Description

List of the user IDs of call participants
Call type: audio/video

Role type: caller/callee

Call duration (s)

Call event callback, which is triggered for both callers and callees. If enableCustomViewRoute is set to

NO , this callback will not be triggered.

- (void)onCallEvent: (TUICallingEvent)event type:(TUICallingType)type role:(TUICallingRole)role me

ssage: (NSString *)message;

The parameters are as detailed below:

Parameter Type

event TUICallingEvent
type TUICallingType
role TUICallingRole
message NSString

©2013-2019 Tencent Cloud. All rights reserved.
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Call event type

Call type: audio/video
Role type: caller/callee

Event description
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TUICalling APIs (Android)

Last updated : 2022-03-17 15:49:52

TRTCCalling is an open-source class based on two closed-source SDKs: Tencent Cloud Real-Time
Communication (TRTC) and Instant Messaging (IM). It supports one-to-one and group audio calls. For

detailed instructions how to implement it, see Real-Time Audio Call (Android).

o TRTC SDK: The TRTC SDK is used as a low-latency audio/video call component.

» IM SDK: The IM SDK is used to send and process signaling messages.

TUICalling API Overview

Basic SDK APIs

API Description

sharedinstance Gets a singleton.

call Sends call invitations by user ID.
receiveAPNSCalled Answers a call.

setCallingListener Sets the listener.

setCallingBell Sets the ringtone (preferably shorter than 30s).
enableMuteMode Enables/Disables the mute mode.
enableCustomViewRoute Enables/Disables custom views.

TUICallingListener API Overview

Event callbacks
API Description

Callback of whether the answering view is displayed when there is an

shouldShowOnCallView ) .
incoming call

Callback for starting calling. This callback is triggered for both callers
and callees.

onCallStart
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API
onCallEnd

onCallEvent

Type

Call type
Enumerated Type
AUDIO

VIDEO

Role

Role type
Enumerated Type
CALL

CALLED

Event

Event type
Enumerated Type
CALL_START
CALL SUCCEED
CALL_END

CALL_FAILED

Tencent Real-Time Communication

Description

Callback for ending a call. This callback is triggered for both callers
and callees.

Call event callback

Description
Audio call

Video call

Description
Caller

Callee

Description

The call started.

The call was connected successfully.
The call ended.

The call failed.
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Basic SDK APIs

sharedinstance

This APl is used to get a singleton of the TUICalling component.

public static TUICallingManager sharedInstance();

call

This APl is used to send call invitations by user ID.

void call(String[] userIDs, Type type);

The parameters are as detailed below:

Parameter Type Description

userlDs String[] List of the user IDs of call participants

type TUICalling.Type Call type: audio/video
receiveAPNSCalled

This API is used to answer a call.

void receiveAPNSCalled(String[] userIDs, Type type);

The parameters are as detailed below:

Parameter Type Description

userlIDs String[] List of the user IDs of call participants

type TUICalling.Type Call type: audio/video
setCallingListener

This API is used to set the listener.

void setCallingListener(TUICallingListener listener);

The parameters are as detailed below:
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Parameter Type Description

listener TUICallingListener Listener of the TUIcalling component

setCallingBell

This APl is used to set the ringtone (preferably shorter than 30s).

void setCallingBell(String filePath);

The parameters are as detailed below:

Parameter Type Description
filePath String Path of the ringtone file
enableMuteMode

This API is used to enable/disable the mute mode.

void enableMuteMode(boolean enable);

The parameters are as detailed below:

Parameter Type Description

enable boolean Whether to enable the mute mode

enableCustomViewRoute

This API is used to enable/disable custom views.
After enabling custom views, you will receive a CallingView instance in the callback for

calling/being called, and can decide how to display the view by yourself.

Note :
The view must be displayed full screen or in proportion to the screen size; otherwise, an error

may OoCcCur.

void enableCustomViewRoute(boolean enable);

The parameters are as detailed below:
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Parameter Type Description

enable boolean Whether to enable custom views

TUICallingListener Callback APIls

shouldShowOnCallView

Callback of whether the answering view is displayed when there is an incoming call.

boolean shouldShowOnCallView();

The parameters are as detailed below:

Parameter Type Description
Return value boolean Whether the answering view is displayed
onCallStart

Callback for starting calling, which is triggered for both callers and callees.

void onCallStart(String[] userIDs, TUICalling.Type type, TUICalling.Role role, View tuiCallingVie

w);

The parameters are as detailed below:

Parameter Type Description

userlIDs String[] List of the user IDs of call participants
type TUICalling.Type Call type: audio/video

role TUICalling.Role Role type: caller/callee

e . Calling view. When enableCustomViewRoute is false , vie
tuiCallingView  View . ”9 u i ewRou -
is null.

onCallEnd

Callback for ending a call, which is triggered for both callers and callees.

void onCallEnd(String[] userIDs, TUICalling.Type type, TUICalling.Role role, long totalTime);
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The parameters are as detailed below:

Parameter Type Description
userlDs String[] List of the user IDs of call participants
type TUICalling.Type Call type: audio/video
role TUICalling.Role Role type: caller/callee
totalTime long Call duration (s)
onCallEvent

Call event callback.

void onCallEvent(TUICalling.Event event, TUICalling.Type type, TUICalling.Role role, String messa
ge);

The parameters are as detailed below:

Parameter Type Description

event TUICalling.Event Call event type

type TUICalling.Type Call type: audio/video
role TUICalling.Role Role type: caller/callee
message String Event description
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TRTCCalling APIs (Web)

Last updated : 2022-04-06 14:07:47

TRTCCalling Overview

The TRTCCalling component is based on Tencent Real-Time Communication (TRTC) and Instant
Messaging (IM). It supports one-to-one and group audio/video calls. For detailed instructions on how
to implement it, see Real-Time Audio Call (Web).

o TRTC SDK: The TRTC SDK is used as a low-latency audio/video call component.

o IM SDK: The IM SDK is used to send and process signaling messages.

Demo Download

You can download the source code of the web demo at TUICalling.

Environment Requirements

We recommend you use Chrome for PC to run the demo as it offers better support for the features of
the TRTC Web SDK. For more information on environment requirements, see Environment

Requirements.

URL Protocol Support

Receive

Send

Share

Scenario Protocol Remarks
(Playback) (Publish) Screen
Production HTTPS Supported Supported Supported Recommended
Production HTTP Supported Not Not -
supported supported

Local

http://localhost Supported Supported Supported Recommended
development
Local

http://127.0.0.1 Supported Supported Supported -

development
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R i n har
Scenario Protocol eceive =EE SIS Remarks

(Playback) (Publish) Screen

Local http://[local IP Not Not

Supported -
development address] supported supported
Local
oca file:/// Supported Supported Supported -

development

TRTCCalling APIs

Event subscribing/unsubscribing APIs

This component bases its management on the dispatching of events. The application layer can

change Ul interactions according to dispatched events.

API Description
on(eventName, callback, context) Subscribes to an event.
off(eventName, callback, context) Unsubscribes from an event.

Basic SDK APIs

API Description
login({userlID, userSig}) Logs in to IM. All IM features can be used only after login.
logout() Logs out. No calls can be made after logout.

Call operation APIs

API Description

call({userlID, type, offlinePushinfo})) Invites a user to a one-to-one call.
groupCall({userlIDList, type, grouplD, offlinePushinfo}) Invites users to a group call.
accept() Accepts a call.

reject() Rejects a call.

hangup() Hangs up.
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Video APlIs

API

startRemoteView({userlD, videoViewDomID})

stopRemoteView({useriD})
startLocalView({userlD, videoViewDomID})
stopLocalView({useriD})
openCamera()
closeCamera()
setMicMute(isMute)
setVideoQuality(profile)
switchToAudioCall()
switchToVideoCall()
getCameras()
getMicrophones()

switchDevice({deviceType, deviceld})

API Details

Creating a TRTCCalling instance

Tencent Real-Time Communication

Description

Starts rendering the video of a remote user.
Stops rendering the video of a remote user.
Starts rendering the video of the local user.
Stops rendering the video of the local user.
Turns the camera on.

Turns the camera off.

Mutes/Unmutes the mic.

Sets video quality.

Switches to audio call.

Switches to video call.

Gets the camera list.

Gets the mic list.

Switches to a different camera or mic.

First, create an application in the TRTC console and get the SDKAppID .

Then, obtain an instance of the TRTCCalling component using new TRTCCalling() .

npm i trtc-js-sdk —--save
npm i tim-js-sdk --save
npm i tsignaling --save
npm i trtc-calling-js --save

// If you download the dependency using Node. js, you can import it using an import command.

import TRTCCalling from ’trtc-calling-js’;

// If you use JavaScript, you need to manually import the following resources in the specified or

der.
// trte. js

©2013-2019 Tencent Cloud. All rights reserved.
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<script src="./trtc. js"><{/script>

// tim-js. Js

<script src="./tim-js. js"><{/script>

// tsignaling. js

<script src="./tsignaling. js"><{/script)>

// trtc-calling-js. js

<script src="./trtc-calling-js. js”">{/script)>

let options = {

SDKAppID: @, // Replace "0 with the “SDKAppID  of your IM application when connecting
// The “tim  parameter is added starting from vo. 10,2

// The parameter guarantees the uniqueness of an existing TIM instance.
tim: tim

};

let trtcCalling = new TRTCCalling(options);

Event subscribing/unsubscribing APls

on(eventName, callback, context)

This APl is used to subscribe to an event dispatched by the component. For a list of the events, see
TRTCCalling Events.

let handleInvite = function ({inviteID, sponsor, inviteData}) {

console. logCinviteID: ${inviteID}, sponsor: ${sponsor}, inviteData: ${JSON.stringify(inviteDat
a)}’);

b

trtcCalling.on(’ onInvited , handlelnvite, this);

off(eventName, callback, context)

This API is used to unsubscribe from an event.

let handleInvite = function ({inviteID, sponsor, inviteData}) {

console. log(CinviteID: ${inviteID}, sponsor: ${sponsor}, inviteData: ${JSON.stringify(inviteDat
a)}’);

};
trtcCalling.off(Conlnvited , handlelnvite, this);

Basic SDK APIs

login({useriD, userSig})

This APl is used to log in.

trtcCalling. login({userID, userSig})
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The parameters are as detailed below:

Parameter  Type Description

ID of the current user, which is a string that can contain only letters (a-z

userlD Strin
g and A-Z), digits (0-9), hyphens (-), and underscores (_)
usersig String Tenc.ent Cloud's propriet:?]ry security signature. For how to calculate and
use it, see FAQs > UserSig.
logout()

This APl is used to log out.

trtcCalling. logout()

Call operation APIs

call({useriD, type, offlinePushinfo})

This APl is used to make a one-to-one call. type indicates the call type ( 1 : audio call; 2 : video
call).

Note :

« The timeout parameter is deleted from v1.0.0 and later versions.
A new parameter, offlinePushInfo , is introduced for offline notifications, which are

supported only on Android and iOS, not on web or WeChat Mini Program.

// Versions earlier than vi.0.0
trtcCalling.call({userID, type, timeout})

// vl. 0.0 and later versions

const offlinePushInfo = {

title: 77,

description: 'You are invited to a call.’,

}
trtcCalling.call({userID, type, offlinePushInfo})

The parameters are as detailed below:

Parameter Type Description
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Parameter Type
userlD String
type Number
timeout Number

offlinePushinfo Object

Tencent Real-Time Communication

Description

User ID of the invitee

1 : audio call: 2 : video call

Timeout period (s). @ means the call never times out. This
parameter is valid only for versions earlier than v1.0.0.

Offline notifications (optional). This parameter is valid only for
v1.0.0 and later versions.

offlinePushlinfo (in v1.0.0 and later versions)

Parameter
title

description

androidOPPOChannellD

extension

Type
String

String

String

String

Description
Title of an offline notification (optional)
Content of an offline notification (optional)

Channel ID for an offline notification on OPPO 8.0 and above
(optional)

Passthrough content of an offline notification (optional),
which is valid only for TRTCCalling v1.0.2 or above
and TSignaling v0.9.0 or above

groupCall({useriDList, type, grouplD, offlinePushinfo})

The groupID parameter is the group ID in the IM SDK. If this parameter is set, call invitations will be

broadcast by the group messaging system, which is a simple and reliable way of sending call

invitations. If this parameter is left empty, the TRTCCalling component will send an invitation to

every invitee.

Note :

In v1.0.0 and later versions, a new parameter, offlinePushInfo , is introduced for offline

notifications, which are supported only on Android and iOS, not on web or WeChat

Mini Program.

// Versions earlier than vi. 0.0
trtcCalling. groupCall({userIDList, type, groupID})
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// vl.0.0 and later versions

const offlinePushInfo = {

1

title: ,

Tencent Real-Time Communication

description: 'You are invited to a call.’,

}

trtcCalling. groupCall({userIDList, type, groupID, offlinePushInfo})

The parameters are as detailed below:

Parameter Type
userlDList Array
type Number
grouplD String

offlinePushinfo Object

Description

List of the user IDs of invitees

1 :audio call; 2 : video call

ID of the IM group (optional)

Offline notifications (optional). This parameter is valid only for
v1.0.0 and later versions.

offlinePushlinfo (in v1.0.0 and later versions)

Parameter
title

description

androidOPPOChannellD

extension

accept()

This APl is used to accept an invitation.

Note :

Type
String

String

String

String

Description
Title of an offline notification (optional)
Content of an offline notification (optional)

Channel ID for an offline notification on OPPO 8.0 and above
(optional)

Passthrough content of an offline notification (optional),
which is valid only for TRTCCalling v1.0.2 or above
and TSignaling v0.9.0 or above

o If a prior invitation has not been processed, the component will return a message indicating

that the line is busy.

o« params is deleted from v1.0.0 and later versions.
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import TRTCCalling from ’trtc-calling-js’;
trtcCalling. on(TRTCCalling. EVENT. INVITED, ({invitelID, sponsor, inviteData}) => {
/2

// Versions earlier than vi. 0.0

const { roomID, callType } = inviteData;
trtcCalling. accept({inviteID, roomID, callType})
// vl. 0.0 and later versions

trtcCalling. accept();

)

The parameters are as detailed below:

Parameter  Type Description

Invitation ID, which identifies an invitation and is returned by the
invitelD String INVITED callback. This parameter is valid only for versions
earlier than v1.0.0.

Call room ID, which is returned by the INVITED callback (in
roomlD Number inviteData ). This parameter is valid only for versions earlier
than v1.0.0.

Call type, which is turned by the INVITED callback (in inviteData ).
callType Number 1 :audio call; 2 :video call. This parameter is valid only for
versions earlier than v1.0.0.

reject()

This APl is used to reject an invitation.

Note :
params s deleted from v1.0.0 and later versions.

import TRTCCalling from ’trtc-calling-js’;

trtcCalling. on(TRTCCalling. EVENT. INVITED, ({inviteID, sponsor, inviteData}) => {
/2

// Versions earlier than vi.0.0

const { callType } = inviteData;

trtcCalling. reject({inviteID, isBusy, callType})

// vl. 0.0 and later versions

trtcCalling. reject();

9
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The parameters are as detailed below:

Parameter  Type Description

Invitation ID, which identifies an invitation and is returned by the
invitelD String INVITED callback. This parameter is valid only for versions
earlier than v1.0.0.

Whether the line is busy. This parameter is valid only for versions

isBusy Boolean )
earlier than v1.0.0.

Call type, which is turned by the INVITED callback (in inviteData ).
callType Number 1 :audio call; 2 :video call. This parameter is valid only for
versions earlier than v1.0.0.

hangup()

1. If you are in a call, you can use this API to end the call.

2. If your call is not answered yet, you can use this API to cancel the call.

trtcCalling. hangup()

Video APIs

startRemoteView({userlD, videoViewDomlID})

This APl is used to render the camera data of a remote user in a specified DOM node.
trtcCalling. startRemoteView({userID, videoViewDomID})

The parameters are as detailed below:
Parameter Type Description

useriD String User ID

The DOM node in which the user’s data is to be rendered. The

videoViewDomID Strin
g data will be played via the video tag of the node.

stopRemoteView({useriD})

This API is used to delete the DOM node in which the camera data of a remote user is rendered.
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Note :

videoViewDomID js deleted from v1.0.0 and later versions.

// Versions earlier than vi. 0.0

trtcCalling. stopRemoteView({userID, videoViewDomID});
// vl. 0.0 and later versions

trtcCalling. stopRemoteView({userID});

The parameters are as detailed below:

Parameter Type Description
userlD String User ID

The DOM node whose video tag is to be deleted. The playback will
videoViewDomID String stop. This parameter is valid only for versions earlier than
v1.0.0.

startLocalView({userlD, videoViewDomID})

This APl is used to render the camera data of the local user in a specified DOM node.
trtcCalling. startLocalView({userID, videoViewDomID})

The parameters are as detailed below:
Parameter Type Description

userlD String User ID

The DOM node in which the local user’s data is to be rendered.

videoViewDomID Strin
g The data will be played via the video tag of the node.

stopLocalView({useriD})

This API is used to delete the DOM node in which the camera data of the local user is rendered.

Note :
videoViewDomID is deleted from v1.0.0 and later versions.
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// Versions earlier than
trtcCalling. stopLocalView
/7 vl1.0.0 and later versi
trtcCalling. stopLocalView

Tencent Real-Time Communication

vi.0.0

({userID, videoViewDomID});
ons

({userID});

The parameters are as detailed below:

Parameter Type

Description

useriD String User ID

The DOM node whose video tag is to be deleted. The playback will

videoViewDomID String stop. This parameter is valid only for versions earlier than

openCameral()

This API is used to turn the

trtcCalling. openCameral()

closeCameral()

This API is used to turn the

trtcCalling. closeCamera()

setMicMute(isMute)

This API is used to turn the

trtcCalling. setMicMute(tr

v1.0.0.

local camera on.

camera off.

mic on/off.

ue) // Turn the mic off

The parameters are as detailed below:

Parameter

isMute

setVideoQuality(profile)

Type Description

e true :turn the mic off

Boolean .
« false : turn the mic on

This APl is used to set video quality.
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Note :

e This is a new APl in v0.8.0 and later versions.

e This APl must be called before call , groupCall , or accept to take effect.

trtcCalling. setVideoQuality(’ 720p’ ) // Set video quality to “720p°

The parameters are as detailed below:

Parameter Type Description

o 480p : 640 x 480
profile String o 720p : 1280 x 720
o 1080p : 1920 x 1080

switchToAudioCall()

This API is used to switch from video call to audio call.

Note :

e This is a new APl in v0.10.0 and later versions.
o It can be used only in one-to-one calls.

» If you receive an error callback (code: 60001), the switching failed.

trtcCalling. switchToAudioCall() // Switch from video call to audio call

switchToVideoCall()

This API is used to switch from audio call to video call.

Note :

e This is a new APl in v0.10.0 and later versions.
o It can be used only in one-to-one calls.

» If you receive an error callback (code: 60002), the switching failed.
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trtcCalling. switchToVideoCall() // Switch from audio call to video call

getCameras()

This API is used to get the camera list.

Note :
This is a new APl in v1.0.0 and later versions.

trtcCalling. getCameras() // Get the camera list

getMicrophones()

This APl is used to get the mic list.

Note :
This is a new APl in v1.0.0 and later versions.

trtcCalling. getMicrophones() // Get the mic list

switchDevice({deviceType, deviceld})

This API is used to switch to a different camera or mic.

Note :
This is a new APl in v1.0.0 and later versions.

trtcCalling. switchDevice({deviceType: “audio’, deviceld: deviceld}) // Switch to a different devi

ce
The parameters are as detailed below:

Parameter Type Description

deviceType String Device type. video : camera; audio : mic
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Parameter Type

deviceld String

Description

Device ID.

Tencent Real-Time Communication

e You can use getCameras() to getthe ID of a camera.
e You can use getMicrophones() to getthe ID of a mic.

TRTCCalling Events

The code below demonstrates how to listen for TRTCCalling events.

import TRTCCalling from ’trtc-calling-js’;

// etc

function handleInviteeReject({userID}) {

}

trtcCalling. on(TRTCCalling. EVENT. REJECT, handleInviteeReject)

Invitation events

Code

REJECT

NO_RESP

LINE_BUSY
INVITED
CALLING_CANCEL

CALLING_TIMEOUT

USER_ENTER

USER_LEAVE

CALL_END

©2013-2019 Tencent Cloud. All rights reserved.

Event
Recipient

Inviter

Inviter

Inviter
Invitee
Invitee
Invitee

Inviter and
invitee

Inviter and
invitee

Inviter and
invitee

Description

The invitee rejected the call.

The invitation timed out without response from
the invitee.

The invitee is in a call, i.e., the line is busy.
An invitation was received.
The call is canceled.

The invitation timed out.

A user entered the room.

A user left the call.

The call ended.
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Event -
Code ve. ) Description
Recipient
Inviter and . .
KICKED OUT ,nv,l er A user was kicked out due to repeated login.
- invitee
Inviter an
USER_VIDEO_AVAILABLE ,nvft:ea d A remote user turned the camera on/off.
invi
USER_AUDIO_AVAILABLE !anEer and A remote user turned the mic on/off.
invitee

Common event callbacks

SDK_READY
The SDK is ready.

Note :
This is a new event callback in v1.0.0 and later versions.

let onSDKReady = function(event) {
console. log(event)

};
trtcCalling. on(TRTCCal ling. EVENT. SDK READY, onSDKReady);

USER_ENTER

A user entered the room.
This event callback is triggered when a user joins the call.

let handleUserEnter = function({userID}) {

console. log(userID)

}i

trtcCalling. on(TRTCCalling. EVENT. USER ENTER, handleUserEnter);

The parameters are as detailed below:

Parameter Type Description

userlD String User ID
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USER_LEAVE

A user left the room.
This event callback is triggered when a user leaves the call.

let handleUserLeave = function({userID}) {
console. log(userID)

};
trtcCalling. on(TRTCCal ling. EVENT. USER LEAVE, handleUserlLeave);

The parameters are as detailed below:

Parameter Type Description

userlD String User ID

GROUP_CALL_INVITEE_LIST UPDATE

The invitee list for a group call was updated.

Note :
This is a new event callback in v1.0.0 and later versions.

let handleGroupInviteelListUpdate = function(event) {
console. log(event)

};

trtcCalling. on(TRTCCalling. EVENT. GROUP_CALL_ INVITEE LIST UPDATE, handleGroupInviteeListUpdate);

CALL_END

The call ended.
This event callback is triggered when a call ends.

let handleCallingEnd = function(event) {
console. log(event)

};
trtcCalling. on(TRTCCalling. EVENT. CALL END, handleCallingEnd);

KICKED_OUT

A user was kicked out due to repeated login.

This event callback is triggered if a user logs in with the same account on another page.
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let handleKickedOut = function(event) {
console. log(event)

};
trtcCalling. on(TRTCCalling. EVENT. KICKED OUT, handleKickedOut);

USER_VIDEO_AVAILABLE

A remote user turned the camera on/off.
This event callback is triggered when a remote user turns the camera on/off.

let handleUserVideoChange = function({userID, isVideoAvailable}) {
console. log(userID, isVideoAvailable)

};
trtcCalling. on(TRTCCalling. EVENT. USER VIDEQO AVAILABLE, handleUserVideoChange);

The parameters are as detailed below:

Parameter Type Description

useriD String User ID

L . e true : The remote user turned the camera on.
isVideoAvailable Boolean
« false : The remote user turned the camera off.

USER_AUDIO_AVAILABLE

A remote user turned the mic on/off.
This event callback is triggered when a remote user turns the mic on/off.

let handleUserAudioChange = function({userID, isAudioAvailable}) {
console. log(userID, isAudioAvailable)

};
trtcCalling. on(TRTCCal ling. EVENT. USER AUDIO AVAILABLE, handleUserAudioChange);

The parameters are as detailed below:

Parameter Type Description

userlD String User ID

. . . e true : The remote user turned the mic on.
isAudioAvailable Boolean .
« false : The remote user turned the mic off.

Event callbacks received by inviter
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REJECT

The user rejected the call.
The inviter of a call will receive this callback if an invitee rejects the call.

let handleInviteeReject = function({userID}) ({
console. log(userID)

};
trtcCalling. on(TRTCCal ling. EVENT. REJECT, handlelnviteeReject);

The parameters are as detailed below:

Parameter Type Description
userlD String User ID
NO_RESP

The invitee did not answer.
In cases where a timeout period is specified for a one-to-one or group call, the inviter will receive this

callback if an invitee does not answer the call within the specified timeout period.

let handleNoResponse = function({userID, userIDList}) {
console. log(userID, userIDList)

};
trtcCalling. on(TRTCCalling. EVENT.NO RESP, handleNoResponse);

The parameters are as detailed below:

Parameter Type Description

userlD String User ID

userlDList Array List of timed out users
LINE_BUSY

The invitee is in a call, i.e., the line is busy.

The inviter of a call will receive this callback if the invitee is already in a call.

let handleLineBusy = function({userID}) {
console. log(userID)

};
trtcCalling. on(TRTCCalling. EVENT. LINE BUSY, handlelLineBusy);
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The parameters are as detailed below:

Parameter Type Description

userlD String User ID

Event callbacks received by invitee

INVITED

An invitation was received.

A user will receive this callback if he or she is invited to a call.

let handleNewInvitationReceived = function({
sponsor, userIDList, isFromGroup, inviteData, inviteID

b A

console. log(sponsor, userIDList, isFromGroup, inviteData, inviteID)
};
trtcCalling.on(TRTCCalling. EVENT. INVITED, handleNewInvitationReceived);

The parameters are as detailed below:

Parameter Type Description

sponsor String Inviter

userlDList Array Users invited to the same call

isFromGroup Boolean Whether it is an IM group invitation

inviteData Object For a new user invitation: {version, callType, roomID}
invitelD String Invitation ID, which identifies an invitation

CALLING_CANCEL

The call is canceled.

An invitee of a call will receive this callback if the call is canceled.

let handleCallingCancel = function(event) {
console. log(event)

};
trtcCalling. on(TRTCCal ling. EVENT. CALLING CANCEL, handleCallingCancel);

CALLING_TIMEOUT
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The call timed out.
In cases where a timeout period is specified for a one-to-one or group call, an invitee will receive this

callback if he or she does not answer the call within the specified timeout period.

let handleCallingTimeout = function(event) {

console. log(event)

};

trtcCalling. on(TRTCCalling. EVENT. CALLING TIMEOUT, handleCallingTimeout);

TRTCCalling Error Codes

You can register the error callback, as shown below, to handle the errors thrown by the component.

import TRTCCalling from ’trtc-calling-js’;

let onError = function(error) {

console. log(error);

};

trtcCalling. on(TRTCCalling. EVENT. ERROR, onError);

Error codes

Code Type Description

60001 API call failure Failed to call switchToAudioCall .

60002 API call failure Failed to call switchToVideoCall .

60003 Access failure No available mic.

60004 Access failure No available camera.

60005 Access failure The user denied access.

60006 Failure to pass The current environment does not support WebRTC (v1.0.4
environment check or above is required).

Update Guide

 Updating to TRTCCalling 1.0.2 or above
o You need to update TSignaling to v0.9.0 or above.
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o Reason: See Changelog.
» Updating to TRTCCalling 1.0.0 or 1.0.1
o You need to update TSignaling to v0.8.0 or above.

o Reason: See Changelog.

FAQs

Why can’t | get through to a user? Why am | kicked offline?

The TRTCCalling component does not support login of multiple instances or offline signaling for
the time being. Please make sure that your current login is unique.

Note :

« Multiple instances: A user logs in with the same account multiple times or on different
devices, which disrupts signaling.

« Offline signaling: Only online instances can receive messages. Messages sent to offline
instances will not be sent again when the instances go online.
For FAQs about TRTCCalling for web, see TRTCCalling for Web.

Technical Support

If you have other questions, you can fill out a contact form or email colleenyu@tencent.com.

Learn More

o TRTCCalling web demo

o TRTCCalling for npm

» Source code of TRTCCalling web demo
« TRTCCalling web APIs

» FAQs
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TRTCCalling APIs (Flutter)

Last updated : 2022-03-17 15:50:50

TRTCCalling is an open-source class based on two closed-source SDKs: Tencent Cloud Real-Time
Communication (TRTC) and Instant Messaging (IM). It supports one-to-one audio/video calls. For

detailed instructions how to implement it, please see Real-Time Audio Call (Flutter).

o TRTC SDK: the TRTC SDK is used as a low-latency audio/video call component.
« IM SDK: the IM SDK is used to send and process sighaling messages.

"TRTCCalling™ API Overview

Basic SDK APIs

API Description

sharedlnstance Gets a singleton.

destroySharedinstance Destroys a singleton.

registerListener Registers an event listener.

unRegisterListener Unregisters an event listener.

destroy Destroys an instance that is no longer needed.
login Logs in. All features can be used only after login.
logout Logs out. No calls can be made after logout.

Call operation APIs

API Description

call Makes a one-to-one call.
accept Accepts the current call.
reject Declines the current call.
hangup Ends the current call.

Audio control APIs
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API
setMicMute

setHandsFree

Tencent Real-Time Communication

Description
Mutes the local mic.

Enables the hands-free mode.

"TRTCCallingDelegate™ API Overview

Common event callback APIs

API

onError

Inviter callback APIs
API
onReject
onNoResp

onLineBusy

Invitee callback APIs
API
onlinvited
onCallingCancel

onCallingTimeOut

General callback APIs

API

onUserEnter

onUserLeave

onUserAudioAvailable

Description

Callback for error.

Description
The call was declined.
The invitee did not answer.

The line is busy.

Description
An invitation was received.
The call was canceled.

The call timed out.

Description

A user joined the call.
A user left the call.

Whether a user is sending audio
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API Description
onUserVoiceVolume Call volume of the user
onCallEnd The call ended.

Basic SDK APIs

sharedinstance

This APl is used to get a singleton of the TRTCCalling component.

static Future<TRTCCalling> sharedInstance();

destroySharedinstance

This API is used to destroy a singleton of the TRTCCalling component.

static void destroySharedInstance();

destroy

This APl is used to destroy an instance that is no longer needed.

void destroy();

registerListener

This API is used to register callbacks for TRTCCalling events. You can receive status notifications of
TRTCCalling via TRTCCallingDelegate .

void registerListener(VoicelListenerFunc func);

unRegisterListener

This APl is used to unregister event callbacks.

void unRegisterListener(VoiceListenerFunc func);

login
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This APl is used to log in to the component.

Future<ActionCallback> login(int sdkAppId, String userId, String userSig);
The parameters are as detailed below:

Parameter  Type Description

You can view the SDKAppID via Application Management >

sdkApplD int . .
Application Info in the TRTC console.

ID of the current user, which is a string that can contain only letters (a-z

userld Strin
g and A-Z), digits (0-9), hyphens (-), and underscores (_).
usersig String Tencent Floud's proprietar;ll security protection signature. For mgre
information on how to get it, please see How to Calculate UserSig.
logout

This APl is used to log out of the component.

Future<ActionCal lback> logout();

Call Operation APIs

call

This APl is used to make a one-to-one call. It can be called during a call to invite more users.

Future<ActionCallback> call(String userId, int type);

The parameters are as detailed below:

Parameter Type Description

userld String User ID of the callee

type int 1 :audio call; 2 : video call
accept

This API is used to accept the current call. After receiving the onInvited() callback, the invitee can

call this API to accept the call.
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Future<ActionCal lback> accept();

reject

This API is used to decline the current call. After receiving the onlInvited() callback, the invitee can
call this API to decline the call.

Future<ActionCal lback> reject();

hangup

This API is used to end the current call.

void hangup();

Audio Control APIs

setMicMute

This API is used to mute the local mic.

void setMicMute(bool isMute);

The parameters are as detailed below:

Parameter Type Description
isMute bool true : mutes the mic; false : unmutes the mic.
setHandsFree

This API is used to enable the hands-free mode.

void setHandsFree(bool isHandsFree);

The parameters are as detailed below:

Parameter Type Description

true : enables the hands-free mode; false : disables the hands-free

isHandsFree bool
mode.
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TRTCCallingDelegate Callback APIs

Common Event Callback APIs

onError

Callback for error.

Note :
This callback indicates that the SDK encountered an unrecoverable error. Such errors must be

listened for, and Ul reminders should be sent to users if necessary.

The parameters are as detailed below:

Parameter Type Description
code int Error code
msg String Error message

Inviter Callback APIs

onReject

The call was declined.

The parameters are as detailed below:

Parameter Type Description

userld String User ID of the invitee who declined the call

onNoResp

The invitee did not answer.

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description
userld String User ID of the invitee who did not answer
onLineBusy

The line is busy.

The parameters are as detailed below:

Parameter Type Description

userld String User ID of the invitee whose line is busy

Invitee Callback APIs

oninvited

A call invitation was received.

The parameters are as detailed below:

Parameter Type
sponsor String
userlds List<String>
isFromGroup bool

type int

onCallingCancel

Description

User ID of the inviter

IDs of other users invited
Whether it is a group call

1 :raudio call; 2 : video call

The call was canceled. The invitee will receive this callback if the inviter cancels the invitation before

he or she handles it.

onCallingTimeOut

The call timed out.

General Callback APIs
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onUserEnter

A user joined the call.

The parameters are as detailed below:

Parameter Type
userld String
onUserLeave

A user left the call.

The parameters are as detailed below:

Parameter Type

userld String

onUserAudioAvailable

Whether a user is sending audio.

The parameters are as detailed below:

Parameter Type
userld String
available boolean

onUserVoiceVolume

Call volume of a user.

The parameters are as detailed below:

Tencent Real-Time Communication

Description

ID of the user who joined the call

Description

ID of the user who left the call

Description
User ID

Whether the user has available audio

Parameter Type Description

userVolumes List Volume of every speaking user in the room. Value range: 0-100.

totalVolume int Total volume of all remote users. Value range: 0-100.
onCallEnd

The call ended.
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Interactive Video Streaming
Interactive Video Streaming (iOS)

Last updated : 2022-03-31 10:47:54

Demo Ul

You can download and install the demo app we provide to try out TRTC's interactive live streaming

features, including co-anchoring, anchor competition, low-latency watch, and on-screen comments.

To quickly enable the interactive live video streaming feature, you can modify the demo app we
provide and adapt it to your needs. You can also use the TUILiveRoom component and customize

your own Ul.

Using the App’s Ul

Step 1. Create an application

1. In the TRTC console, select Development Assistance > Demo Quick Run.
2. Enter an application name, e.g. TestLiveRoom , and click Create.
3. Click Next to skip this step.
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° Create Application ? o Download Source

Code

@ Download SDK and Auxiliary Demo Source Code

Platform Operation

i0s Download at GitHub
Android Download at GitHub
Web Download at GitHub
MacOS Download at GitHub
Electron Download at GitHub
Windows Download at GitHub
Flutter Download at GitHub

Note :

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Tencent Real-Time Communication

This feature uses two basic PaaS services of Tencent Cloud, namely TRTC and IM. When you

activate TRTC, IM will be activated automatically. IM is a value-added service. See Pricing for its

billing details.

Step 2. Download the application source code

Clone or download the TUILiveRoom source code.

Step 3. Configure application project files

1. In the Modify Configuration step, select your platform.

2. Find and open the TUILiveRoom/Debug/GenerateTestUserSig.swift file.

3. Set the following parameters in GenerateTestUserSig. swift :

o SDKAPPID: "0 by default. Set it to the actual "SDKAppID".
o SECRETKEY: left empty by default. Set it to the actual key.
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A Download Source Medify
° Create Application Code Configuration

Paste SDKAPPID and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemo/debug/src/main/fjava/com/tencent/liteav/de

bug/GenerateTestUserSig java File

S peci'ﬁ ed LO catio n Android 10S&mac0s Windows(C++) Windows(C#) Weh Mini Program Electron

public class GenerateTestUserSig {

SDKARPID  Copy

private static fimal ine|SDEAPPID = 0;

Secret Key Copy

private static final int EXFIRETIME = 604800

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

» The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and

reversed, and if your key is disclosed, attackers can steal your Tencent Cloud traffic.
Therefore, this method is suitable only for the local execution and debugging of
the app.

« The correct UserSig distribution method is to integrate the calculation code of UserSig
into your server and provide an application-oriented APl. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the application

Open the source code project TUILiveRoom/TUILiveRoomApp. xcworkspace with Xcode (version 11.0 or

above) and click Run.

©2013-2019 Tencent Cloud. All rights reserved. Page 180 of 777


https://intl.cloud.tencent.com/document/product/647/35166

@Tencent Cloud Tencent Real-Time Communication

Step 5. Modify the app’s source code

The Source folder in the source code contains two subfolders: ui and model . The ui folder
contains the Ul code. The table below lists the Swift files (folders) and Ul views they represent. You

can refer to it when making Ul changes.

File or Folder Description

Anchor Implementation code for anchor-end views

Audience Implementation code for viewer-end views

ChatRoom Implementation code for the text chat room and on-screen

comment views
Common Implementation code for some reusable Ul components

Floating status view, which floats over video images and

StatusView ) ) ) ) ) ) )
displays log information and video loading animations

LiveRoomMainViewController.swift The main view for interactive live video streaming

Tryout

Note :

You need at least two devices to try out the application.

User A

1. Enter a username (which must be unique) and log in.
2. Click Create Room.

3. Enter a room name and tap Start.

User B

1. Enter a username (which must be unique) and log in.

2. Enter the ID of the room created by user A, and tap Join.

Note :

The room ID can be obtained from the system pop-up window after user A's room is created.
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Listening for Room Status and Getting Room List for Co-
Anchoring

You can use TRTCLiveRoom to listen for room status.

SILTSSS LTSS LSS S S ST S S

V4

// Room management

//

VI i i iiiiiiiia

/// Create a room (called by anchor.) If the room does not exist, the system will create the room
automatically.

/// The process of creating a room and starting live streaming as an anchor is as follows:

/77 1. A user calls “startCameraPreview()  to enable camera preview and set beauty filters.
/// 2. The user calls “createRoom()  to create a room, the result of which is returned via a call
back.

/// 3. The user calls “starPublish()  to push streams.

/// — Parameters:

/// = roomID: room ID. You need to assign and manage the IDs in a centralized manner. Multiple “r
oomID" values can be aggregated into a live room list. Currently, Tencent Cloud does not provide
List management services. Please manage the Llist on your own.

/// — roomParam: room information, such as room name and cover information. If both the room list
and room information are managed by yourself, you can ignore this parameter.

/// - callback: callback for room entry. The code is "0 if room entry is successful.

/// = Note:

/// - This API is called by an anchor to start live streaming. An anchor can create a room he or
she created before.

- (void)createRoomWithRoomID: (UInt32) roomID

roomParam: (TRTCCreateRoomParam *)roomParam

callback: (Callback Nullable)callback

NS SWIFT NAME(createRoom(roomID:roomParam:cal lback:));

/// Terminate a room (called by anchor)

/// After creating a room, an anchor can call this API to terminate it.

/// — parameter callback: callback for room termination. The code is "0  if the operation is succ
essful.

/// — Note:

/// — After creating a room, an anchor can call this API to terminate it

- (void)destroyRoom: (Callback Nullable)callback

NS SWIFT NAME(destroyRoom(callback:));

/// Get room details

/// The information is provided by anchors via the “roomInfo  parameter when they call “createRoo
m() . You don’ t need this API if both the room list and room information are managed by yoursel
f.

/// - Parameter roomIDs: list of room IDs

/// — Parameter callback: callback of room details
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- (void)getRoomInfosWithRoomIDs: (NSArray<nsnumber *=""> %x)roomIDs
cal lback: (RoomInfoCallback Nullable)callback
NS SWIFT NAME(getRoomInfos(roomIDs:callback:));

Getting the room list may involve async operations. Using callbacks to get the list provides greater
convenience and flexibility.

Customizing Ul

The Source folder in the source code contains two subfolders: ui and model . The model
subfolder contains the reusable open-source component TRTCLiveRoom . You can find the

component's APIs in TRTCLiveRoom.h and use them to customize your own Ul.

. Open-source component based
TRTCLiveRoom ; on IM SDK and TRTC SDK

TRTC component for real-time audio/
video communication

@ |M component for live streaming signaling

Step 1. Integrate the SDKs

The TRTCLiveRoom component depends on the TRTC SDK and IM SDK. Follow the steps below to
integrate them into your project.

« Method 1: adding dependencies via CocoaPods

pod ’ TXIMSDK_i0S’
pod ’ TXLiteAVSDK_TRTC’

« Method 2: adding dependencies through local files
If your access to the CocoaPods repository is slow, you can download the ZIP files of the SDKs and
manually integrate them into your project as instructed in the documents below.

SDK Download Page Integration Guide

TRTC SDK Download Integration document
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IM SDK Download Integration document

Step 2. Configure permission requests

Configure camera and mic permission requests by adding Privacy > Camera Usage Description and

Privacy > Microphone Usage Description in info.plist .

Step 3. Import the TUILiveRoom component

To import the component through CocoaPods, follow the steps below:

1. Copy the Source , Resources , TCBeautyKit , and TXAppBasic folders and the
TUILiveRoom. podspec files in the demo directory to your project directory.

2. Add the following dependencies to your Podfile and run pod install to complete the import.

pod ' TXAppBasic’, :path =&gt; "TXAppBasic/”

pod ’TCBeautyKit’, :path =8&gt; "TCBeautyKit/”

pod ’ TXLiteAVSDK_TRTC’

pod ' TUILiveRoom’, :path =8&gt; ”./”, :subspecs =&gt; [”"TRTC”]

Step 4. Create an instance and log in

1. Callthe init APl of TRTCLiveRoom to create an instance of the TRTCLiveRoom component.
2. Create a TRTCLiveRoomConfig object, and setits useCDNFirst and CDNPlayDomain attributes.

« useCDNFirst : specifies the way audience watch live streams. true means that audience watch
live streams over CDNs, which is cost-efficient but has high latency. false means that audience
watch live streams in the low latency mode, the cost of which is between that of CDN live
streaming and co-anchoring, but the latency is within 1 second.

o CDNPlayDomain : specifies the domain name for CDN live streaming, which takes effect only if

useCDNFirst is setto true . You can setitin CSS console > Domain Management.

3. Call the login API to log in to the component, and set the key parameters as described below.

Parameter Description
SDKAppID You can view "SDKAppID" in the TRTC console.

ID of the current user, which is a string that can contain letters (a-z and A-Z),
userld digits (0-9), hyphens (-), and underscores (_). We recommend you set it based
on your business account system.

userSig Tencent Cloud's proprietary security signature. To obtain one, see UserSig.
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config Global configuration information. Please initialize it during login as it cannot be
modified after login.

o useCDNFirst : specifies the way audience watch live streams. true means
that audience watch live streams over CDNs, which is cost-efficient but has
high latency. false means that audience watch live streams in the low
latency mode, the cost of which is between that of CDN live streaming and
co-anchoring, but the latency is within 1 second.

o CDNPlayDomain : specifies the domain name for CDN live streaming, which
takes effect only if useCDNFirst is setto true . You can setitin CSS console
> Domain Management.

callback Login callback. The code is "0 if login is successful.

class LiveRoomController: UIViewController {

let mLiveRoom = TRTCLiveRoom()

}

// useCDNFirst: “true  means that audience watch live streams over CDNs, and “false’ means tha
t audience watch live streams in the low latency mode.

//CDNPlayDomain: the playback domain name for CDN live streaming

let config = TRTCLiveRoomConfig(useCDNFirst: useCDNFirst, cdnPlayDomain: yourCDNPlayDomain)
mLiveRoom, Login(SDKAPPID, userID, userSig, config) { (code, error) in

if code == 0 {
// Logged in

}

}

Step 5. Create a room and push streams

i. After performing step 4 to log in, call setSelfProfile to set your nickname and profile photo.
ii. Before streaming, you can call startCameraPreview to enable camera preview, add beauty filter
buttons to the Ul, and set beauty filters through getBeautyManager .

Note :
Only the Enterprise Edition SDK supports advanced beauty filter features such as face
changing and stickers.

iii. After setting beauty filters, call createRoom to create a live streaming room.
iv. Call startPublish to start streaming. To enable CDN live streaming, specify useCDNFirst and
CDNPlayDomain in the TRTCLiveRoomConfig parameter, which is passed in during login, and
specify streamID for playback when calling startPublish .
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Your business Tgncent Cloud Tencent Cloud Tencent Cloud Tencent Cloud
code terminal component backend backend backend

: ( Tencent Cloud
Anchor TRTCLiveRoom TRTC network IM network
L LVB CDN
: ; i
1 1 1 1
1 1 ] 1
. 1 ] ] 1
login . login request : : !
] 1
1 ]
€ - - login response_ _ _ 1| : :
1 ] 1
login réquest i :
1 L 1
1 1
login result - == —mmmmmmm loginresponse . U :
( """""""" T 1 1 1
1 1 1 1
. 1 1 1 ]
setSelfProfile ! update self info request ! '
: > :
setSelfProfile result € -------- HE"'_aEe_Sfﬁ i_'nio_rc_as._pgrls_e _________ .LJ :
H | I .
1 1 1 1
startCameraPreview ' : . :
1 1 1
... calback | : : :
; I : I
H 1 1 1 ]
Creatalioom > create room request . . )
‘; 1 ]
1 [}
create room response . h
create room request . : :
T » ]
callback create room response J:l !
PR L AN, feooonno - TER e : |
. 1 [ 1 [
startPublish > audio + video data stream : :
L| "ﬂ audio + video data stream X
»

// 1. Set your username and profile photo as an anchor

mLiveRoom. setSelfProfile(name: "A”, avatarURL: "faceUrl”, callback: nil)
// 2. Enable camera preview and set beauty filters before streaming

let view = UIView()

parentView. add(view)

mLiveRoom. startCameraPreview(frontCamera: true, view: view, callback: nil)
mLiveRoom. getBeautyManager (). setBeautyStyle(. nature)

mLiveRoom. getBeautyManager (). setBeautylLevel(6)

// 3. Create a room

let param = TRTCCreateRoomParam(roomName: "Test room”, coverUrl: ””)

mLiveRoom. createRoom(roomID: 123456789, roomParam: param) { [weak self] (code, error) in

if code == 0 {

// 4. Start streaming and publish the streams to CDNs

self?.mLiveRoom. startPublish(streamID: mSelfUserId + ” stream”, callback: nil)
}

}
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Step 6. Play back streams

i. After performing step 4 to log in, you can call setSelfProfile to set your nickname and profile
photo.
ii. Get the latest room list from the backend.

Note :
The room list in the demo app is for demonstration only. The business logic of live
streaming room lists varies significantly. Tencent Cloud does not provide list management

services for the time being. Please manage the list by yourself.

iii. Call getRoomInfos to get short descriptions of the rooms, which are provided by anchors when

they call createRoom to create the rooms.

Note :
If your room list already displays enough information, you can skip the step of calling

getRoomInfos .

iv. Select a room, call enterRoom , with the room ID passed in to enter the room.

v. Call startPlay , with the anchor's userId passed in to start playback.

o If the room list displays the userId of the anchor, you can call startPlay , passing in the
anchor’s userlId to start playback.

o If you do not know the anchor's userId , you can find it in the onAnchorEnter event callback,

which you will receive after entering the room. You can then call startPlay to start playback.
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var roomList: [UInt32] = GetRoomList()

// 2. Call

mliveRoom. getRoomInfos(roomIDs: roomList, callback: { (code, msg,

if code 0 {

‘getRoomInfos™ to get the details of the room

Get the room list from the backend. Suppose it is “roomlList”

List) in

// After getting the room information, you can display on the anchor list page the anchor’s ni

ckname, profile photo, and other information

}
9

// 3. Select a “roomid" and enter the room

mliveRoom. enterRoom(roomID: roomID, callback: callback)
// 4. After receiving the notification about the anchor’ s entry, start playback
public func trtcLiveRoom(_trtcLiveRoom: TRTCLiveRoom, onAnchorEnter userID: String) {
// b, Play the anchor’s video
mliveRoom. startPlay(userID: userID, view: renderView, callback: nil)

}

©2013-2019 Tencent Cloud. All rights reserved.

Page 188 of 777



&2 Tencent Cloud

Step 7. Co-anchor

i. Audience calls requestJoinAnchor to send a co-anchoring request to the anchor.

Tencent Real-Time Communication

ii. The anchor receives a notification ( TRTCLiveRoomDe legateffonRequestJoinAnchor ) that a viewer

requested to co-anchor.

iii. The anchor calls responseJoinAnchor to accept or decline the co-anchoring request.

iv. The audience receives the TRTCLiveRoomDelegateffresponseCallback event notification, which

carries the anchor’s response.

v. If the anchor accepts the co-anchoring request, the audience can call startCameraPreview to

turn the local camera on and then startPublish to push streams.

vi. The anchor receives a notification ( TRTCLiveRoomDe legateffonAnchorEnter ) that a new stream is

available, which carries the audience’s userld

\'

i. The anchor calls startPlay to play the audience’s video.

Your business Tencent Cloud Tencent Cloud
code terminal component backend

Tencent Cloud
hackend

Your business
code

s

Viewer [ TRTCLiveRoom ’ TRTC network ] IM network

\

Anchor

The viewer initiates a co-anchoring request

requestJoinAnchor _

L

I
1

I

1

1

I

1

> T
I

I

1

[

I

1

I

1
1
.

*T1 onReqguestJoinAnchor

responsedoinAnchor

A

callback U
< ________________ 1 * _______________ JI ________________ 1
After the anchor accepts the co-anchoring request
startCameraPreview i E
startPublish .

onRemoteUserEnter

OnAnchorEnter

startPlay

// Viewer:
// 1. The audience sends a co-anchoring request
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mliveRoom. requestJoinAnchor (reason: mSelfUserId + “requested to co-anchor”, responseCallback:
{ [weak self] (agreed, reason) in

// 4. The request is accepted by the anchor

if agreed {

// 5. The audience turns on the camera and starts pushing streams

self?. mliveRoom. startCameraPreview(frontCamera: true, view: localView, callback: nil)

self?. mliveRoom. startPublish(streamID: streamID, callback: nil)

}

}, callback: callback)

// Anchor:

// 2. The anchor receives the co-anchoring request

public func trtcLiveRoom(_trtcLiveRoom: TRTCLiveRoom, onRequestJoinAnchor user: TRTCLiveUserI
nfo, reason: String?, timeout: Double) {

// 3. The anchor accepts the co-anchoring request

mliveRoom. responseJoinAnchor (userID: userID, agree: true, reason: “agreed to co-anchor”)

}

// 6. The anchor receives a notification that the co-anchoring audience has turned on the mic
public func trtcLiveRoom( trtcLiveRoom: TRTCLiveRoom, onAnchorEnter userID: String) {

// 7. The anchor plays the audience’ s video

mliveRoom. startPlay(userID: userID, view: view, callback: nil)

}

Step 8. Compete across rooms

i. Anchor A calls requestRoomPK to send a competition request to anchor B.

ii. Anchor B receives the TRTCLiveRoomDelegate onRequestRoomPK notification.

iii. Anchor B calls responseRoomPK to accept or decline the competition request.

iv. Anchor B accepts the request, waits for the TRTCLiveRoomDelegate onAnchorEnter notification,
and calls startPlay to play anchor A's video image.

v. Anchor A receives the responseCallback notification, which specifies whether the competition
request is accepted.

vi. The request is accepted, and after receiving the TRTCLiveRoomDelegate onAnchorEnter

notification, anchor A calls startPlay to play anchor B's video.
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Your business
code

Anchor A [Tmmwwmm] TMCmMmk] IM network ] Anchor B
An anchor initiates a competition request
requestRoomPK E E |
> T >'1 onRequestRoomPK
: AR G SR >
E J:_ responseRoomPK
callback : h
o [ S u.
After the anchor accepts the competition request
. connectOtherRoom | |
onRemoteUserEnter “ :
OnAnchorEnter | [€--------------~ [ OnAnchorEnter
S e | T e LR LR L == === mme—me -
startPlay X " startPlay
// Anchor A:
// Create room 12345
mLiveRoom. createRoom(roomID: 12345, roomParam: param, callback: nil)
// 1. Send a competition request to anchor B
mLiveRoom. requestRoomPK (roomID: 54321, userID: "B”, responseCallback: { (agree, reason) in

// 5. Receive a callback of whether the request is accepted by anchor B
if agree {

}
}, callback: callback)

// Anchor A receives the callback of anchor B’ s entry.

public func trtcLiveRoom(_ trtcLiveRoom: TRTCLiveRoom, onAnchorEnter userID: String) {
// 6. After receiving the notification of anchor B’ s entry, anchor A plays anchor B’s video i

mage.
mLiveRoom. startPlay(userID: userID, view: view, callback: callback)

}

// Anchor B:
// Create room 54321
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mLiveRoom. createRoom(roomID: 54321, roomParam: param, callback: nil)

// 2. Receive anchor A’ s request

public func trtcLiveRoom( trtcLiveRoom: TRTCLiveRoom, onRequestRoomPK user: TRTCLiveUserInfo,
timeout: Double) {

// 3. Accept anchor A’s request

mLiveRoom. responseRoomPK(userID: userID, agree: true, reason: reason)

}

public func trtcLiveRoom(_ trtcLiveRoom: TRTCLiveRoom, onAnchorEnter userID: String) {
// 4. Receive a notification about anchor A’ s entry and play anchor A’s video
mLiveRoom. startPlay(userID: userID, view: view, callback: callback)

}

Step 9. Enable text chat and on-screen comments

o Call sendRoomTextMsg to send common text messages. All users in the room will receive the
onRecvRoomTextMsg callback.

IM has its default content moderation rules. Text messages that contain restricted terms will not
be forwarded by the cloud.

// Sender: send text messages

mLiveRoom. sendRoomTextMsg(message: "Hello Word!”, callback: callback)

// Recipient: listen for text messages

mLiveRoom. delegate = self

public func trtcLiveRoom(_ trtcLiveRoom: TRTCLiveRoom, onRecvRoomTextMsg message: String, fr
omUser user: TRTCLiveUserInfo) {

debugPrint("Received a text message from ¥(user.userName): ¥(message)”)

}

o Call sendRoomCustomMsg to send custom (signaling) messages. All users in the room will receive
an onRecvRoomCustomMsg callback.

Custom messages are often used to transfer custom signals, e.g., to give and broadcast likes.

// Sender: customize CMD to distinguish on-screen comments and [ikes
// For example, use "CMD DANMU” to indicate on-screen comments and "CMD LIKE” to indicate [i

kes.
mLiveRoom, sendRoomCustomMsg(command: ”“CMD DANMU”, message: "Hello world”, callback: nil)
mLiveRoom. sendRoomCustomMsg (command: “CMD LIKE”, message: ””, callback: nil)

// Recipient: listen for custom messages

mLiveRoom. delegate = self

public func trtcLiveRoom(_trtcLiveRoom: TRTCLiveRoom, onRecvRoomCustomMsg command: String,
message: String, fromUser user: TRTCLiveUserInfo) {
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if "CMD DANMU” == command {

// An on-screen comment is received.

debugPrint(”Received an on-screen comment from ¥(user.userName): ¥(message)”)
} else if "CMD LIKE” == command {

// Receive a like

debugPrint ("¥(user.userName) Lliked you.”)

}

}
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Interactive Video Streaming (Android)

Last updated : 2022-04-11 17:09:09

Demo Ul

You can download and install the demo app we provide to try out TRTC's interactive live streaming

features, including co-anchoring, anchor competition, low-latency watch, and on-screen comments.

To quickly enable the interactive live video streaming feature, you can modify the demo app we
provide and adapt it to your needs. You can also use the TRTCLiveRoom component and customize

your own Ul.

Using the App’s Ul

Step 1. Create an application

1. Log in to the TRTC console and select Development Assistance > Demo Quick Run.
2. Enter an application name such as TestLiveRoom and click Create.
3. Click Next to skip this step.
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° Create Application ? o Download Source > >
Code

@ Download SDK and Auxiliary Demo Source Code

Platform Operation

i0s Download at GitHub Download at Gitee Download Zip
Android Download at GitHub Download at Gitee Download Zip
Web Download at GitHub Download at Gitee Download Zip
MacOs Download at GitHub Download at Gitee Download Zip
Electron Download at GitHub Download at Gitee Download Zip
‘Windows Download at GitHub Download at Gitee Download Zip
Flutter Download at GitHub

Note :
The video conferencing feature uses two basic Paa$S services of Tencent Cloud, namely TRTC
and IM. When you activate TRTC, IM will be activated automatically. IM is a value-added

service. See Value-added Service Pricing for its billing details.

Step 2. Download the application source code

Clone or download the TUILiveRoom source code.

Step 3. Configure application project files
1. In the Modify Configuration step, select your platform.
2. Find and open Android/Debug/src/main/java/com/tencent/liteav/debug/GenerateTestUserSig. java .

3. Set parameters in GenerateTestUserSig. java :

o SDKAPPID: a placeholder by default. Set it to the actual "SDKAppID".
o SECRETKEY: a placeholder by default. Set it to the actual key.

©2013-2019 Tencent Cloud. All rights reserved. Page 195 of 777


https://intl.cloud.tencent.com/document/product/647/35078
https://intl.cloud.tencent.com/document/product/1047
https://intl.cloud.tencent.com/document/product/1047/34350
https://github.com/tencentyun/TUILiveRoom

@Tencent Cloud Tencent Real-Time Communication

A Download Source Medify
° Create Application Code Configuration

Paste SDKAPPID and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemo/debug/src/main/fjava/com/tencent/liteav/de

bug/GenerateTestUserSig java File

S peci'ﬁ ed LO catio n Android 10S&mac0s Windows(C++) Windows(C#) Weh Mini Program Electron

public class GenerateTestUserSig {

SDKARPID  Copy

private static fimal ine|SDEAPPID = 0;

Secret Key Copy

private static final int EXFIRETIME = 604800

private static fimal String| SECRETKE

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and reversed,

and if your key is disclosed, attackers can steal your Tencent Cloud traffic. Therefore, this
method is suitable only for the local execution and debugging of the app.

The correct UserSig distribution method is to integrate the calculation code of UserSig into

your server and provide an application-oriented APl. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the application

Open the source code project TUILiveRoom with Android Studio (version 3.5 or above) and click Run.

Step 5. Modify the app’s source code
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The Source folder in the source code contains two subfolders: ui and model . The ui subfolder
contains Ul code. The table below lists the files (folders) and the Ul views they represent. You can
refer to it when making Ul changes.

File or Folder Description

anchor Implementation code for anchor-end views
audience Implementation code for audience-end views
common Implementation code for common Ul components
widget Common controls

Tryout

Note :

You need at least two devices to try out the application.

User A

1. Enter a username (which must be unique) and log in.
2. Click Create Room.

3. Enter a room name and tap Start.

User B

1. Enter a username (which must be unique).
2. Enter the ID of the room created by user A, and tap Join.

Note :

You can find the room ID at the top of user A’s room view.

Listening for Room Status and Getting Room List for Co-
Anchoring
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You can use LiveRoomManager to listen for room status.

LiveRoomManager. getInstance(). addCal lback (new LiveRoomManager.RoomCal Lback() {

Viss

* A room was created

* @param roomld

* @param callback The result of internal processing

*/

@0verride

public void onRoomCreate(int roomId, final LiveRoomManager.ActionCallback callback) {
// doSomething

}

Vizs

* A room was terminated

* @param roomld

* @param callback The result of internal processing

*/

@Override

public void onRoomDestroy(int roomId, final LiveRoomManager.ActionCallback callback) {
// doSomething

}

Vizs

* The room list was obtained

* @param callback

*/

@Override

public void onGetRoomIdList(final LiveRoomManager.GetCallback callback) {
// The room list was obtained, which is used for co-anchoring and must be maintained by yourself
if(callback != null) {

if(success) {

// Callback successful, and the room list was returned

cal Lback. onSuccess(roomList);

} else {

// Failed to get the room list

callback.onError(code, message);

}

}

}

});

Getting the room list may involve async operations. Using callbacks to get the list provides greater

convenience and flexibility.
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Customizing Ul

The Source folder in the source code contains two subfolders: ui and model . The model
subfolder contains the reusable open-source component TRTCLiveRoom . You can find the

component’s APIs in TRTCLiveRoom. java and use them to customize your own Ul.

. Open-source component based
TRTCLiveRoom | on IM SDK and TRTC SDK
: TRTC component for real-time audio/
: video communication

-
/

@ |M component for live streaming signaling

Step 1. Integrate the SDK

The interactive live streaming component TRTCLiveRoom depends on the TRTC SDK and IM SDK.
Follow the steps below to integrate them into your project.

Method 1: adding dependencies via Maven

1. Add the TRTC SDK and IM SDK dependencies to dependencies .

dependencies {
compile “com. tencent. Liteav:LiteAVSDK TRTC: latest. release”
compile 'com. tencent. imsdk: imsdk: latest. release’

}

2. In defaultConfig , specify the CPU architecture to be used by your application.

defaultConfig {

ndk {

abiFilters "armeabi-v7a”
}

}

3. Click Sync Now to automatically download the SDKs and integrate them into your project.
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Method 2: adding dependencies through local AAR files
If your access to the Maven repository is slow, you can download the ZIP files of the SDKs and

manually integrate them into your project as instructed in the documents below.

SDK Download Page Integration Guide
TRTC SDK Download Integration document
IM SDK Download Integration document

Step 2. Configure permission requests and obfuscation rules

Configure permission requests for your application in AndroidManifest.xml . The SDKs need the
following permissions (on Android 6.0 and above, the camera and read storage permissions must be

requested at runtime.)

<uses-permission android:name="android. permission. INTERNET”>
<uses-permission android:name="android.permission. ACCESS NETWORK STATE”>
<uses-permission android:name="android. permission.ACCESS WIFI STATE”>
<uses-permission android:name="android.permission. WRITE_EXTERNAL STORAGE”>
<{uses-permission android:name="android.permission. READ EXTERNAL STORAGE”>
<uses-permission android:name="android. permission.RECORD AUDIO”>
<uses-permission android:name="android. permission. MODIFY AUDIO SETTINGS”)>
<uses-permission android:name="android.permission.BLUETOOTH”>
{uses-permission android:name="android. permission. CAMERA”>
<uses-permission android:name="android.permission.READ PHONE STATE”>
{uses-feature android:name="android. hardware. camera”>

<uses-feature android:name="android. hardware. camera. autofocus”>

In the proguard-rules.pro file, add the SDK classes to the "do not obfuscate" list.

-keep class com, tencent. *x { *;}

Step 3. Import the TRTCLiveRoom component

Copy all the files in the directory below to your project:

src/main/java/com/tencent/Lliteav/liveroom/model
Step 4. Create an instance and log in

1. Call the sharedInstance API to create an instance of the TRTCLiveRoom component.
2. Create a TRTCLiveRoomConfig object, and set its useCDNFirst and CDNPlayDomain attributes.
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useCDNFirst : specifies the way audience watch live streams. true means that audience watch

live streams over CDNs, which is cost-efficient but has high latency. false means that audience
watch live streams in the low latency mode, the cost of which is between that of CDN live

streaming and co-anchoring, but the latency is within 1 second.

CDNPlayDomain : specifies the domain name for CDN live streaming, which takes effect only if

useCDNFirst is setto true . You can setitin CSS console > Domain Management.

. Call the login API to log in to the component, and set the key parameters as described below.

Parameter Description
SDKAppID You can view "SDKAppID" in the TRTC console.

ID of the current user, which is a string that can contain letters (a-z and A-Z),
userld digits (0-9), hyphens (-), and underscores (_). We recommend you set it based
on your business account system.

userSig Tencent Cloud's proprietary security signature. To obtain one, see UserSig.

Global configuration information. Please initialize it during login as it cannot be

modified after login.

o useCDNFirst : specifies the way audience watch live streams. true means
that audience watch live streams over CDNs, which is cost-efficient but has
high latency. false means that audience watch live streams in the low
latency mode, the cost of which is between that of CDN live streaming and
co-anchoring, but the latency is within 1 second.

o CDNPlayDomain : specifies the domain name for CDN live streaming, which
takes effect only if useCDNFirst is setto true . You can setitin CSS console
> Domain Management.

config

callback Login callback. The code is "0 if login is successful.

TRTCLiveRoom mLiveRoom = TRTCLiveRoom. sharedInstance(this);

// useCDNFirst: “true  means that audience watch live streams over CDNs, and “false  means tha
t audience watch Llive streams in the low latency mode.

// yourCDNPlayDomain: the playback domain name for CDN [ive streaming
TRTCLiveRoomDef. TRTCLiveRoomConfig config =

new TRTCLiveRoomDef. TRTCLiveRoomConfig(useCDNFirst, yourCDNPlayDomain);
mLiveRoom. Login(SDKAPPID, userId, userSig, config,

new TRTCLiveRoomCal lback.ActionCallback() {

@0verride

public void onCallback(int code, String msg) {

if (code == 0) {

// Logged in

}

©2013-2019 Tencent Cloud. All rights reserved. Page 201 of 777


https://console.cloud.tencent.com/live/domainmanage
https://console.cloud.tencent.com/trtc/app
https://intl.cloud.tencent.com/document/product/647/35166
https://console.cloud.tencent.com/live/domainmanage

@Tencent Cloud Tencent Real-Time Communication

}
1);

Step 5. Create a room and push streams

i. After performing step 4 to log in, call setSelfProfile to set your nickname and profile photo.
ii. Before streaming, you can call startCameraPreview to enable camera preview, add beauty filter

buttons to the Ul, and set beauty filters through getBeautyManager .

Note :
Only the Enterprise Edition SDK supports advanced beauty filter features such as face

changing and stickers.

iii. After setting beauty filters, call createRoom to create a live streaming room.
iv. Call startPublish to start streaming. To enable CDN live streaming, specify useCDNFirst and
CDNPlayDomain in the TRTCLiveRoomConfig parameter, which is passed in during login, and

specify streamID for playback when calling startPublish .

©2013-2019 Tencent Cloud. All rights reserved. Page 202 of 777



@Tencent Cloud Tencent Real-Time Communication

Your business Tgncent Cloud Tencent Cloud Tencent Cloud Tencent Cloud
code terminal component backend backend backend

: ( Tencent Cloud
Anchor TRTCLiveRoom TRTC network IM network
L LVB CDN
: ; i
1 1 1 1
1 1 ] 1
1 ] ] 1
|Ogin 1 logi 1 1 [ I
. gin reques . ) '
] 1
1 ]
€ - - login response_ _ _ ju : :
1 ] 1
login réquest > : :
1 1
1 1
login result - == —mmmmmmm loginresponse . u :
( """""""" T 1 1 1
1 1 1 1
. 1 1 1 ]
setSelfProfile ! update self info request . :
1 ' 1
setSelfProfile result € -------- HE"'_aEB_SPﬁ Lnio_rc_as._pgrls_e _________ _LJ :
H | I .
1 1 1 1
startCameraPreview ' : . :
1 1 1
callback b ! !
SR LLETEETE 2 : : ]
1 1 1 1
1 1 1 ]
createRoom >  create roomrequest | . )
i I I
create room response . h
create room request . : :
T » ]
callback create room response J:I !
PR L AN, feooonno - TER e : |
. 1 [ 1 I
startPublish > audio + video data stream | : :
D ’D audio + video data stream X
»
1
1

// 1. Set your username and profile photo as an anchor
mLiveRoom. setSelfProfile(”A”, "your face url”, null);

// 2. Enable camera preview and set beauty filters before streaming
TXCloudVideoView view = new TXCloudVideoView(context);
parentView.add(view);

mLiveRoom. startCameraPreview(true, view, null);

mLiveRoom. getBeautyManager (). setBeautyStyle(1);

mLiveRoom. getBeautyManager (). setBeautylLevel(6);

// 3. Create a room
TRTCLiveRoomDef. TRTCCreateRoomParam param = new TRTCLiveRoomDef. TRTCCreateRoomParam();

param. roomName = "Test room”;
mLiveRoom. createRoom(123456789, param, new TRTCLiveRoomCallback.ActionCallback() {
@0verride

public void onCallback(int code, String msg) {
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if (code == 0) {
// 4. Start streaming and publish the streams to CDNs
mLiveRoom. startPublish(mSelfUserId + ” stream”, null);

}
}
1)

Step 6. Play back streams

i. After performing step 4 to log in, you can call setSelfProfile to set your nickname and profile

photo.
ii. Get the latest room list from the backend.

Note :
The room list in the demo app is for demonstration only. The business logic of live
streaming room lists varies significantly. Tencent Cloud does not provide list management

services for the time being. Please manage the list by yourself.

iii. Call getRoomInfos to get short descriptions of the rooms, which are provided by anchors when

they call createRoom to create the rooms.

Note :
If your room list already displays enough information, you can skip the step of calling

getRoomInfos .

iv. Select a room, call enterRoom , with the room ID passed in to enter the room.

v. Call startPlay , with the anchor’s userld passed in to start playback.

o If the room list displays the userId of the anchor, you can call startPlay , passing in the
anchor’s userlId to start playback.

o If you do not know the anchor's userId , you can find it in the onAnchorEnter event callback,

which you will receive after entering the room. You can then call startPlay to start playback.
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List<integer> roomList = GetRoomList();

// 2. Call “getRoomInfos™ to get the details of the room
mLiveRoom. getRoomInfos(roomList, new TRTCLiveRoomCal Lback.RoomInfoCallback() {

@Override

Get the room list from the backend. Suppose it is “roomlList”

public void onCallback(int code, String msg, List<{trtcliveroomdef.trtcliveroominfo)> list) {

if (code == 0) {

// After getting the room information, you can display on the anchor list page the anchor’s ni

ckname, profile photo, and other information

}
}
9

// 3. Select a “roomid™ and enter the room
mLiveRoom. enterRoom(roomid, null);
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// 4. After receiving the notification about the anchor’ s entry, start playback
mLiveRoom. setDelegate(new TRTCLiveRoomDelegate() {

@0verride

public void onAnchorEnter(final String userId) {

// b, Play the anchor’s video

mLiveRoom. startPlay(userId, mTXCloudVideoView, null);

}

});

Step 7. Co-anchor

Vi

Vii.

Audience calls requestJoinAnchor to send a co-anchoring request to the anchor.
The anchor receives a notification ( TRTCLiveRoomDe legateffonRequestJoinAnchor ) about the co-
anchoring request.

The anchor calls responsedoinAnchor to accept or decline the co-anchoring request.

. The audience receives the TRTCLiveRoomDe legateffresponseCallback event notification, which

carries the anchor’s response.

. If the anchor accepts the co-anchoring request, the audience can call startCameraPreview to

turn the local camera on and then startPublish to push streams.

. The anchor receives a notification ( TRTCLiveRoomDe legateffonAnchorEnter ) that a new stream is

available, which carries the audience’s userId .

The anchor calls startPlay to play the audience’s video.
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// 1. The audience sends a co-anchoring request
mLiveRoom. requestJoinAnchor (mSelfUserId + "requested to co-anchor”,
new TRTCLiveRoomCallback.ActionCallback() {

@0verride
public void onCallback(int code, String msg) {
if (code == 0) {

// 4. The request is accepted by the anchor

TXCloudVideoView view = new TXCloudVideoView(context);
parentView.add(view);

/7 5. The audience turns on the camera and starts pushing streams
mLiveRoom. startCameraPreview(true, view, null);

mLiveRoom. startPublish(mSelfUserId + ” stream”, null);

}

}

});

// 2. The anchor receives the co-anchoring request
mLiveRoom. setDelegate(new TRTCLiveRoomDelegate() {
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@0verride

public void onRequestJoinAnchor(final TRTCLiveRoomDef. TRTCLiveUserInfo userInfo,
String reason, final int timeout) {

// 3. The anchor accepts the co-anchoring request

mLiveRoom. responsedoinAnchor (userInfo.userId, true, "agreed to co-anchor”);

}

@0verride

public void onAnchorEnter(final String userlId) {

// 6. The anchor receives a notification that the co-anchoring audience has turned on the mic
TXCloudVideoView view = new TXCloudVideoView(context);

parentView.add(view);

// 7. The anchor plays the audience’ s video

mLiveRoom. startPlay(userId, view, null);

}

});

Step 8. Compete across rooms

iv.

Vi.

Anchor A calls requestRoomPK to send a competition request to anchor B.

Anchor B receives the TRTCLiveRoomDelegate onRequestRoomPK notification.

Anchor B calls responseRoomPK to accept or decline the competition request.

Anchor B accepts the request and, after receiving the TRTCLiveRoomDelegate onAnchorEnter

notification, calls startPlay to play anchor A's video.

. Anchor A receives the responseCallback notification, which specifies whether the competition

request is accepted.
The request is accepted, and after receiving the TRTCLiveRoomDelegate onAnchorEnter

notification, anchor A calls startPlay to play anchor B's video.
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// Anchor A:

// Create room 12345

mLiveRoom. createRoom(12345, param, null);

mLiveRoom, setDelegate(new TRTCLiveRoomDelegate() {

@Override

public void onAnchorEnter(final String userId) {
// 6. Receive a notification about anchor B’ s entry
mLiveRoom. startPlay(userId, mTXCloudVideoView, null);

}
});

// 1. Send a competition request to anchor B
mLiveRoom. requestRoomPK (54321, ”B”,
new TRTCLiveRoomCal lback.ActionCallback() {

@Override

public void onCallback(int code, String msg) {
// 5. Receive a callback of whether the request is accepted by anchor B

if (code == 0) {
// Accepted
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} else {
// Declined
}

}

});

// Anchor B:
// Create room 54321
mLiveRoom. createRoom(54321, param, null);

// 2. Receive anchor A’ s request

mLiveRoom. setDelegate(new TRTCLiveRoomDelegate() {

@0verride

public void onRequestRoomPK(

final TRTCLiveRoomDef. TRTCLiveUserInfo userInfo, final int timeout) {
// 3. Accept anchor A’s request

mLiveRoom. responseRoomPK (userInfo.userId, true, ””);

}

@0verride

public void onAnchorEnter(final String userId) {

// 4. Receive a notification about anchor A’ s entry and play anchor A’s video
mLiveRoom. startPlay(userId, mTXCloudVideoView, null);

}

});

Step 9. Enable text chat and on-screen comments

o Call sendRoomTextMsg to send common text messages. All users in the room will receive the
onRecvRoomTextMsg callback.
IM has its default content moderation rules. Text messages that contain restricted terms will not

be forwarded by the cloud.

// Sender: send text messages

mLiveRoom. sendRoomTextMsg(”Hello Word!”, null);

// Recipient: listen for text messages

mLiveRoom. setDelegate (new TRTCLiveRoomDelegate() {

@0verride

public void onRecvRoomTextMsg(String roomld,

String message, TRTCLiveRoomDef.TRTCLiveUserInfo userInfo) {
Log. d(TAG, ”"Received a message from” + userInfo.userName + ”:
}

});

”

+ message);

o Call sendRoomCustomMsg to send custom (signaling) messages. All users in the room will receive
an onRecvRoomCustomMsg callback.

Custom messages are often used to transfer custom signals, e.g., to give and broadcast likes.
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// For example, use "CMD DANMU” to indicate on-screen comments and "CMD LIKE” to indicate Li
kes.

mLiveRoom. sendRoomCustomMsg(”CMD DANMU”, "Hello world”, null);
mLiveRoom. sendRoomCustomMsg(”CMD LIKE”, ””, null);

// Recipient: listen for custom messages

mLiveRoom. setDelegate(new TRTCLiveRoomDelegate() {

@0verride

public void onRecvRoomCustomMsg(String roomId, String cmd,

String message, TRTCLiveRoomDef.TRTCLiveUserInfo userInfo) {

if ("CMD DANMU”.equals(cmd)) {

// An on-screen comment is received.

Log.d(TAG, "Received an on-screen comment from” + userInfo.userName + ”: ”
} else if ("CMD LIKE”.equals(cmd)) {

/7 A Like is received,

Log. d(TAG, userInfo.userName + ”liked you.”);

}

}

});

+ message);
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Interactive Video Streaming (Flutter)

Last updated : 2022-03-31 11:38:29

To quickly enable the interactive live video streaming feature, you can modify the demo we provide
and adapt it to your needs. You can also use the TRTCLiveRoom component and customize your own
ul.

Using the Demo Ul

Step 1. Create an application

1. Log in to the TRTC console and select Development Assistance > Demo Quick Run.

2. Enter an application name such as TestLive and click Create.

Note :
This feature uses two basic PaaS services of Tencent Cloud, namely TRTC and IM. When you
activate TRTC, IM will be activated automatically. IM is a value-added service. See Value-added

Service Pricing for its billing details.

Step 2. Download the SDK and demo source code

1. Download the SDK and demo source code for your platform.
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2. Click Next.

° Create Application > o Download Source > >

Code

(i) Download SDK and Auxiliary Demo Source Code

Platform Operation

i0s Download at GitHub Download at Gitee Download Zip
Android Download at GitHub Download at Gitee Download Zip
Web Download at GitHub Download at Gitee Download Zip
Mac0OS Download at GitHub Download at Gitee Download Zip
Electron Download at GitHub Download at Gitee Download Zip
Windows Download at GitHub Download at Gitee Download Zip
Flutter Download at GitHub

Next Previous

Step 3. Configure the demo project file

1. In the Modify Configuration step, select your platform.

2. Find and open /example/lib/debug/GenerateTestUserSig.dart .

3. Set parameters in GenerateTestUserSig.dart as follows.

o SDKAPPID: a placeholder by default. Set it to the actual *SDKAppID".

o SECRETKEY: a placeholder by default. Set it to the actual key.
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. Downlead Source Modify
° Create Application Code Configuration

Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemo/debug/src/main/fjava/com/tencent/liteav/de

PaSte SDKAppID and Secre.t Key to bug/GenerateTestUserSig java File

S peci'ﬁ ed LO catio n Android 10S&mac0s Windows(C++) Windows(C#) Weh Mini Program Electron

public class GenerateTestUserSig {

SDKARPID  Copy

private static fimal ine|SDEAPPID = 0;

Secret Key Copy

private static final int EXFIRETIME = 604800:

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

» The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and
reversed, and if your key is leaked, attackers can steal your Tencent Cloud traffic. Therefore,
this method is only suitable for the local execution and debugging of the demo.
« The correct UserSig distribution method is to integrate the calculation code of UserSig
into your server and provide an application-oriented APl. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.
Step 4. Compile and run

Note :
An Android project must be run on a real device rather than a simulator.
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1. Run flutter pub get

2. Compile, run, and test the project.
Android

o i0S

i. Run flutter run .

[e]

ii. Open the demo project with Android Studio (3.5 or above), and click Run.

Step 5. Modify the demo source code

The TRTCLiveRoom folder in the source code contains two subfolders: ui and model . The ui
subfolder contains Ul code. The table below lists the files (folders) and the Ul views they represent.

You can refer to it when making Ul changes.

File or Folder Description

base Basic classes used by the Ul

list The list and room creation views

room Main room views for speakers and listeners

Customizing Ul

The TRTCLiveRoom folder in the source code contains two subfolders: ui and model . The model
subfolder contains the reusable open-source component TRTCLiveRoom . You can find the

component's APIs in TRTCLiveRoom.dart and use them to customize your own Ul.

Step 1. Integrate the SDKs

The interactive live streaming component TRTCLiveRoom depends on the TRTC SDK and IM SDK. You

can configure pubspec.yaml to download their updates automatically.
Add the following dependencies to pubspec.yaml of your project.
dependencies:

tencent trtc cloud: latest version number
tencent im sdk plugin: latest version number

Step 2. Configure permission requests and obfuscation rules

« i0OS
e Android
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Add request for mic permission in Info.plist :

<key>NSMicrophoneUsageDescription</key>
<{string>Audio calls are possible only with mic access.</string>

Step 3. Import the TRTCLiveRoom component

Copy all the files in the directory below to your project:

Lib/TRTCLiveRoom/model/

Step 4. Create an instance and log in

1. Call the sharedInstance API to create an instance of the TRTCLiveRoom component.
2. Call the registerListener function to register event callbacks of the component.

3. Call the login API to log in to the component, and set the key parameters as described below.

Parameter Description
SDKAppID You can view “SDKAppID" in the TRTC console.

ID of the current user, which is a string that can contain letters (a-z and A-
userld Z), digits (0-9), hyphens (-), and underscores (_). We recommend you set
it based on your business account system.

userSig Tencent Cloud's proprietary security signature. To obtain one, see UserSig.

Specifies the way audience watch live streams. "true’ means that
audience watch live streams over CDNs, which is cost-efficient but has

useCDNFirst high latency. "false® means that audience watch live streams in the low
latency mode, the cost of which is between that of CDN live streaming
and co-anchoring, but the latency is within 1 second.

Specifies the domain name for CDN live streaming, which takes effect only
CDNPlayDomain if “"useCDNFirst’ is set to “true’. You can set it in CSS console > Domain
Management.

Step 5. Create a room and push streams
1. After performing step 4 to log in, call setSelfProfile to set your nickname and profile photo.

2. Before streaming, you can call startCameraPreview to enable camera preview, add beauty filter
buttons to the Ul, and set beauty filters through getBeautyManager .

Note :
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Only the Enterprise Edition SDK supports face changing and stickers.

3. After setting beauty filters, call createRoom to create a live streaming room.
4. Call startPublish to start streaming. To enable CDN live streaming, specify useCDNFirst and
CDNPlayDomain in the TRTCLiveRoomConfig parameter, which is passed in during login, and specify

streamID for playback when calling startPublish .

Your business Tencent Cloud Tencent Cloud Tencent Cloud Tencent Cloud
code terminal component backend backend backend
Anchor TRTCLiveRoom TRTC network IM network Jenoe e
L CSS CDN
login : login request . i :
1 |
login response ’H : :
[aas s tivi e , '. |
login réquest - .
login result T —— loginresponse _ ___________ U :
- T 1 1 1
1 1 1 1
setSelfProfile ' update self info request . :
1 Ll 1
setSelfProfile result € -------- f"Ed_aEe_SPH Lnio_rt_as_pf)qs_e _________ _LJ :
"""""""" T 1 I 1
I I I I
startCameraPreview | : - .
_____ callback  _____ I : :
createRoom >  create room request | . :
. I I
create room response : :
create room request : :
T »~ 1
- callback | P el ol D 5
startPublish > audio + video data stream | : :
D "D audio + video data stream <

Step 6. Play back streams

1. After performing step 4 to log in, you can call setSelfProfile to set your nickname and profile
photo.

2. Get the latest room list from the backend.
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Note :

The room list in the demo is for demonstration only. The business logic of live streaming
room lists vary significantly. Tencent Cloud does not provide list management services for
the time being. Please manage the list by yourself.

3. Call getRoomInfos to get short descriptions of the rooms, which are provided by anchors when
they call createRoom to create the rooms.

Note :
If your room list already displays enough information, you can skip the step of calling

getRoomInfos .

S

. Select a room, call enterRoom , with the room ID passed in to enter the room.

w

. Call startPlay , with the anchor’s userld passed in to start playback.

If the room list displays the userId of the anchor, you can call startPlay , passing in the
anchor’s userId to start playback.

If you do not know the anchor's userlId , you can find it in the onAnchorEnter event callback,

which you will receive after entering the room. You can then call startPlay to start playback.
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Step 7. Co-anchor

1. Audience calls

requestJoinAnchor to send a co-anchoring request to the anchor.

2. The anchor receives a notification ( TRTCLiveRoomDe legateffonRequestJoinAnchor ) about the co-

anchoring request.

3. The anchor calls

responseJoinAnchor to accept or decline the co-anchoring request.

4. The audience receives the onAnchorAccepted event notification, which carries the anchor's

response.

5. If the anchor accepts the co-anchoring request, the audience can call startCameraPreview to turn

the local camera on and then startPublish to push streams.

6. The anchor receives a notification ( TRTCLiveRoomDe legateffonAnchorEnter ) that a new stream is

available, which carries the audience’s userld .

7. The anchor calls startPlay to play the audience’s video.
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Step 8. Compete across rooms

1
2
3.
4. Anchor B accepts the request and, after receiving the TRTCLiveRoomDelegate onAnchorEnter

. Anchor A calls requestRoomPK to send a competition request to anchor B.

. Anchor B receives the TRTCLiveRoomDelegate onRequestRoomPK notification.

Anchor B calls responseRoomPK to accept or decline the competition request.

notification, calls startPlay to play anchor A's video.

request is accepted.

anchor A calls startPlay to play anchor B's video.
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. Anchor A receives the onRoomPKAccepted notification, which specifies whether the competition

notification,
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Step 9. Enable text chat and on-screen comments

o Call sendRoomTextMsg to send common text messages. All users in the room will receive the
onRecvRoomTextMsg callback.
IM has its default content moderation rules. Text messages that contain restricted terms will not

be forwarded by the cloud.

// Sender: send text messages
trtcLiveCloud. sendRoomTextMsg("Hello Word!”):

// Recipient: listen for text messages

onListenerFunc(type, params) async {

switch (type) {

case TRTCLiveRoomDelegate. onRecvRoomTextMsg:

// Group text messages are received. This feature can be used to enable text chat rooms.
break;

}

}
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« Call sendRoomCustomMsg to send custom (signaling) messages. All users in the room will receive an
onRecvRoomCustomMsg callback.

Custom messages are often used to transfer custom signals, e.g., to give and broadcast likes.
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TRTCLiveRoom APIs (i0S)

Last updated : 2022-04-08 14:42:51

TRTCLiveRoom is based on Tencent Real-Time Communication (TRTC) and Instant Messaging (IM). Its
features include:

o A user can create a room and start live streaming, or enter a room as audience.

» The anchor and audience in a room can co-anchor with each other.

« Anchors in two rooms can compete and interact with each other.

« All users can send text and custom messages. Custom messages can be used to send on-screen
comments, give likes, and send gifts.

TRTCLiveRoom is an open-source class depending on two closed-source Tencent Cloud SDKs. For the

specific implementation process, please see Interactive Live Video Streaming (iOS).

o TRTC SDK: The TRTC SDK is used as a low-latency live streaming component.
o IM SDK: The AVChatRoom feature of the IM SDK is used to implement chat rooms, and IM messages

are used to facilitate the co-anchoring process.

TRTCLiveRoom API Overview

Basic SDK APIs

API Description

delegate Sets event callbacks.

login Logs in.

logout Logs out.

setSelfProfile Sets the profile.

Room APIs

API Description

createRoom Creates a room (called bY anchor). If the room does not exist, the system will
create the room automatically.

destroyRoom Terminates a room (called by anchor).
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API
enterRoom
exitRoom

getRoomlinfos

getAnchorList

getAudiencelList

Tencent Real-Time Communication

Description

Enters a room (called by audience).
Exits a room (called by audience).
Gets room list details.

Gets the anchors and co-anchoring viewers in a room. This API works only if
it is called after enterRoom() .

Gets the information of all audience in a room. This API works only if it is
called after enterRoom() .

Stream pushing/pulling APIs

API

Description

startCameraPreview Enables preview of the local video.

stopCameraPreview
startPublish

stopPublish

startPlay

stopPlay

Stops local video capturing and preview.
Starts live streaming (pushing streams).
Stops live streaming (pushing streams).

Plays a remote video. This API can be called in common playback and
co-anchoring scenarios.

Stops rendering a remote video.

APIs for anchor-audience co-anchoring

API
requestjoinAnchor
responsejoinAnchor

kickoutJoinAnchor

Description
Requests co-anchoring (called by audience).
Responds to a co-anchoring request (called by anchor).

Removes a user from co-anchoring (called by anchor).

APIs for cross-room anchor competition

API

requestRoomPK

Description

Requests cross-room competition (called by anchor).
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API Description
responseRoomPK Responds to a cross-room competition request (called by anchor).
quitRoomPK Quits cross-room competition.

Audio/Video APIs

API Description

switchCamera Switches between the front and rear cameras.
setMirror Sets the mirror mode.

muteLocalAudio Mutes/Unmutes the local user.
muteRemoteAudio Mutes/Unmutes a remote user.
muteAllRemoteAudio Mutes/Unmutes all remote users.

Background music and audio effect APIs
API Description

Gets the background music and audio effect management object

getAudioEffectManager ,
TXAudioEffectManager.

Beauty filter APIs
API Description

getBeautyManager Gets the beauty filter management object TXBeautyManager.

Message sending APIs
API Description

Broadcasts a text message in a room. This API is generally used for on-

sendRoomTextMsg
screen comments.

sendRoomCustomMsg Sends a custom text message.

Debugging APIs
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API Description

showVideoDebuglLog Specifies whether to display debugging information on the Ul.

TRTCLiveRoomDelegate API Overview

Common event callback APIs

API Description
onError Error
onWarning Warning
onDebuglLog Log

Room event callback APIs

API Description
onRoomDestroy The room was terminated.
onRoomlInfoChange The room information changed.

Callback APIs for entry/exit of anchors/audience

API Description

onAnchorEnter There is a new anchor/co-anchoring viewer in the room.
onAnchorExit An anchor/co-anchoring viewer quit competition/co-anchoring.
onAudienceEnter A viewer entered the room.

onAudienceExit A viewer left the room.

Callback APIs for anchor-audience co-anchoring events

API Description
onRequestjoinAnchor A co-anchoring request was received.
onKickoutjoinAnchor A user was removed from co-anchoring.
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Callback APIs for anchor competition events

API Description
onRequestRoomPK A cross-room competition request was received.
onQuitRoomPK Cross-room competition ended.

Message event callback APIs

API Description
onRecvRoomTextMsg A text message was received.
onRecvRoomCustomMsg A custom message was received.

Basic SDK APIs

delegate

This API is used to get callbacks for the events of TRTCLiveRoom. You can use TRTCLiveRoomDelegate

to get the callbacks.

@property(nonatomic, weak) id<TRTCLiveRoomDelegate)> delegate;

Note :
delegate is the delegate callback of TRTCLiveRoom .

login

This APl is used to log in.

/// Log in to the component.

/// - Parameters:

/7 - sdkAppID: You can view “SDKAppID ™ in *¥[Application Management](https://console. cloud. tence
nt. com/trtc/app)** > **Application Info** of the TRTC console.

/// — userID: ID of the current user, which is a string that can contain only letters (a-z and A-
Z), digits (0-9), hyphens (-), and underscores (¥ )

/// - userSig: Tencent Cloud’s proprietary security signature. For how to get it, please see [Use
rSig](https://intl. cloud. tencent. com/document/product/647/35166).

/// — config: global configuration information, which should be initialized during login and cann
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ot be modified afterward. Use “isAttachedTUIKit to specify whether to import TUIKit into your pr

oject.
/// — callback: callback for login. The return code is "0 if login is successful.
77/ — Note:

/// — You are advised to set the validity period of ‘userSig to 7 days to avoid cases where mess
age sending/receiving and co-anchoring fail due to expired ‘userSig’.

- (void) loginWithSdkAppID: (int)sdkAppID

userID: (NSString *)userID

userSig: (NSString *)userSig

config: (TRTCLiveRoomConfig *)config

callback:(Callback Nullable)callback

NS SWIFT NAME(login(sdkAppID:userID:userSig:config:callback:));

The parameters are as detailed below:

Parameter  Type Description

You can view SDKAppID in Application Management >

sdkAppld Int
PP Application Info of the TRTC console.

ID of the current user, which is a string that can contain
userlD String only letters (a-z and A-Z), digits (0-9), hyphens (-), and
underscores (_)

Tencent Cloud's proprietary security signature. For how to

userSig String o .
obtain it, please see UserSig.

Global configuration information, which needs to be

initialized during login and cannot be modified afterward.

« useCDNFirst : specifies the way audience watch live
streams. true means watching over CDNs, which is
cost-efficient but has high latency. false means
watching under the low latency mode, the cost of
which is between that of CDN live streaming and co-
anchoring, but the latency is lower than 1 second.

« CDNPlayDomain : specifies the domain name for CDN
live streaming. It takes effect only if useCDNFirst is set
to true . You can set it in Domain Management of
the CSS console.

config TRTCLiveRoomConfig

(_ code: Int, _
callback message: String?) -> Callback for login. The code is 0 if login is successful.
Void

logout

This APl is used to log out.
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// Log out

/// — Parameter callback: callback for logout. The code is "0 if logout is successful.
- (void) logout: (Callback Nullable)callback

NS SWIFT NAME(logout( :));

The parameters are as detailed below:

Parameter  Type Description

(_ code: Int, _ message: String?) Callback for logout. The code is 0 if logoutis
-> Void successful.

callback

setSelfProfile

This APl is used to set the profile.

/// Set user profiles. The information will be stored in Tencent Cloud IM.

/// - Parameters:

/// — name: username

/// — avatarURL: profile picture URL

/// — callback: callback for setting user profiles. The code is "0 if the operation is successfu
L.

- (void)setSelfProfileWithName: (NSString *)name

avatarURL: (NSString * Nullable)avatarURL

callback: (Callback Nullable)callback

NS SWIFT NAME(setSelfProfile(name:avatarURL:callback:));

The parameters are as detailed below:

Parameter Type Description

name String Username

avatarURL String Profile picture URL

callback (_ code: Int, _message: Callback for setting user profiles. The code is 0 if
String?) -> Void the operation is successful.

Room APIs

createRoom

This APl is used to create a room (called by anchor).

©2013-2019 Tencent Cloud. All rights reserved. Page 229 of 777



@Tencent Cloud Tencent Real-Time Communication

/// Create a room (called by anchor.) If the room does not exist, the system will create the room
automatically.

/// The process of creating a room and starting live streaming as an anchor is as follows:

/// 1. A user calls “startCameraPreview()  to enable camera preview and set beauty filters.

/// 2. The user calls “createRoom()  to create a room, the result of which is returned via a call
back.

/// 3. The user calls “starPublish()  to push streams.

/// - Parameters:

/// — roomID: room ID. You need to assign and manage the IDs in a centralized manner. Multiple "r
oomID" values can be aggregated into a live room list. Currently, Tencent Cloud does not provide

List management services. Please manage the [ist on your own.

/// — roomParam: room information, such as room name and cover information. If both the room list
and room information are managed by yourself, you can ignore this parameter.

/// - callback: callback for room entry. The code is 0 if room entry is successful.

/// = Note:

/// - This API is called by an anchor to start live streaming. An anchor can create a room he or

Sshe created before.

- (void)createRoomWithRoomID: (UInt32) roomID

roomParam: (TRTCCreateRoomParam *)roomParam

callback: (Callback Nullable)callback

NS SWIFT NAME(createRoom(roomID:roomParam:callback:));

The parameters are as detailed below:

Parameter Type Description

Room ID. You need to assign and manage the IDs in a
centralized manner. Multiple roomID values can be

roomID UInt32 aggregated into a live room list. Currently, Tencent
Cloud does not provide list management services.
Please manage the list on your own.

Room information, such as room name and cover
information. If both the room list and room
information are managed by yourself, you can ignore
this parameter.

roomParam TRTCCreateRoomParam

(_ code: Int, - Callback for room creation. The code is 0 if the
callback message: String?) -> L
Void operation is successful.

The process of creating a room and starting live streaming as an anchor is as follows:

1. A user calls startCameraPreview() to enable camera preview and set beauty filters.

2. The user calls createRoom() to create a room, the result of which is returned via a callback.
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3. The user calls starPublish() to push streams.

destroyRoom

This APl is used to terminate a room (called by anchor).

/// Terminate a room (called by anchor)

/// After creating a room, an anchor can call this API to terminate it.

/// - parameter callback: callback for room termination. The code is "0 if the operation is succ
essful.

/// - Note:

/// — After creating a room, an anchor can call this API to terminate it

- (void)destroyRoom: (Callback Nullable)callback

NS SWIFT NAME(destroyRoom(callback:));

The parameters are as detailed below:

Parameter  Type Description
callback (_ code: Int, _ message: Callback for room termination. The code is 0 if the
String?) -> Void operation is successful.
enterRoom

This APl is used to enter a room (called by audience).

/// Enter a room (called by audience)

/// The process of entering a room and starting playback as audience is as follows:

/// 1. A user gets the latest room list from your server. The list may contain the “roomID  and o
ther information of multiple rooms.

/// 2. The user selects a room and call “enterRoom()  to enter the room.

/// 3. If the room list managed by your server contains the “userID™ of the anchor of each room,
after entering the room, the user can call ‘startPlay(userID)" to play the anchor’ s video.

/// If the room list contains “roomID™ only, upon room entry, the user will receive the “onAnchor
Enter(userID) " callback from “TRTCLiveRoomDelegate".

/// The user can then call “startPlay(userID) , passing in the “userID” obtained from the callbac
k, to play the anchor’ s video.

/// - Parameters:

/// = roomID: room ID

/// - useCDNFirst: whether to play streams via CDNs whenever possible

/// = cdnDomain: CDN domain name

/// = callback: callback for room entry. The code is "0 if room entry is successful.

/// - Note:

/// = This API is called by audience to enter a room.

/// = An anchor cannot use this API to enter a room he or she created, but must use createRoom in
Stead.
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- (void)enterRoomWithRoomID: (UInt32) roomID
useCDNFirst:(BOOL)useCDNFirst

cdnDomain: (NSString * Nullable)cdnDomain

cal lback: (Callback)callback

NS SWIFT NAME(enterRoom(roomID:useCDNFirst:cdnDomain:callback:));

The parameters are as detailed below:

Parameter Type Description

roomliD Ulnt32 Room ID

callback (_ code: Int, _message: Callback for room entry. The code is 0 if the
String?) -> Void operation is successful.

The process of entering a room and starting playback as audience is as follows:

1. A user gets the latest room list from your server. The list may contain the roomID and other
information of multiple rooms.
2. The user selects a room and calls enterRoom() to enter the room.

3. The user calls startPlay(userID) , passing in the anchor’'s userID to start playback.

« If the room list contains anchors’ userID , the user can call startPlay(userID) to start playback.
« If the user does not have the anchor's userID before room entry, he or she can find it in the
onAnchorEnter (userID) callback of TRTCLiveRoomDelegate , which is returned after room entry, and

can then call startPlay(userID) to start playback.

exitRoom

This API is used to leave a room.

/// Leave a room (called by audience)

/// — Parameter callback: callback for room exit. The code is "0 if the operation is successful.,
/// - Note:

/// — This API s called by audience to leave a room.

/// = An anchor cannot use this API to leave a room,

- (void)exitRoom: (Callback Nullable)callback

NS SWIFT NAME(exitRoom(callback:));

The parameters are as detailed below:

Parameter Type Description

©2013-2019 Tencent Cloud. All rights reserved. Page 232 of 777



@Tencent Cloud Tencent Real-Time Communication

Parameter Type Description
callback (_ code: Int, _message: Callback for room exit. The code is 0 if the
String?) -> Void operation is successful.
getRoominfos

This APl is used to get room list details, which are set by anchors via roomInfo when they call

createRoom() .

Note :

You don’t need this API if both the room list and room information are managed on your server.

/// Get room details

/// The information is provided by anchors via the “roomInfo  parameter when they call “createRoo
m() . You don’ t need this API if both the room list and room information are managed by yoursel
f.

/// = Parameter roomIDs: list of room IDs

/// — Parameter callback: callback of room details

- (void)getRoomInfosWithRoomIDs: (NSArray<NSNumber %> *)roomIDs

cal lback: (RoomInfoCallback Nullable)callback

NS SWIFT NAME(getRoomInfos(roomIDs:callback:));

The parameters are as detailed below:

Parameter  Type Description
roomIDs [UInt32] List of room IDs
callback (_ code: Int, _message: String?, _ roomList: Callback of room
[TRTCLiveRoomiInfo]) -> Void details
getAnchorList

This APl is used to get the anchors and co-anchoring viewers in a room. It takes effect only if it is
called after enterRoom() .

/// Get the anchors and co-anchoring viewers in a room. This API takes effect only if it is calle
d after “enterRoom() .

/// — Parameter callback: callback of user details

- (void)getAnchorList: (UserListCallback Nullable)callback

NS SWIFT NAME(getAnchorList(callback:));
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The parameters are as detailed below:

Parameter Type Description
callback (_ code: Int, message: String, _ userList: Callback of user
[TRTCLiveUserInfo]) -> Void details
getAudiencelist

This APl is used to get the information of all audience in a room. It takes effect only if it is called after

enterRoom() .

/// Get the information of all audience in a room. This API takes effect only if it is called aft
er ‘enterRoom() .

/// — Parameter callback: callback of user details

- (void)getAudienceList: (UserListCallback Nullable)callback

NS SWIFT NAME(getAudienceList(callback:));

The parameters are as detailed below:

Parameter  Type Description
callback (_ code: Int, _ message: String, _ userList: Callback of user
[TRTCLiveUserInfo]) -> Void details

Stream Pushing/Pulling APIs

startCameraPreview

This APl is used to enable local video preview.

/// Enable local video preview

/// - Parameters:

/// — frontCamera: “true’: front camera; “false : rear camera
/// — view: the control that loads video images

/// — callback: callback for the operation

- (void)startCameraPreviewWithFrontCamera: (BOOL) frontCamera
view: (UIView *)view

callback: (Callback Nullable)callback

NS SWIFT NAME(startCameraPreview(frontCamera:view:callback:));

The parameters are as detailed below:
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Parameter Type Description

true : front camera; false : rear
camera

frontCamera Bool

view UlView The control that loads video images

(_ code: Int, _ message: String?) ->

callback
Void

Callback for the operation

stopCameraPreview

This APl is used to stop local video capturing and preview.

/// Stop local video capturing and preview
- (void)stopCameraPreview;

startPublish

This APl is used to start live streaming (pushing streams), which can be called in the following

scenarios:

» An anchor starts live streaming.

» A viewer starts co-anchoring.

/// Start live streaming (pushing streams). This API can be called in the following scenarios:
/// 1. An anchor starts live streaming.

/// 2. A viewer starts co-anchoring.

/// - Parameters:

/// — streamID: the ‘streamID” used to bind live streaming CDNs. You need to set it to the “strea
mID™ of the anchor if you want audience to play the anchor’ s stream via CDNs.

/// — callback: callback for the operation

- (void)startPublishWithStreamID: (NSString *)streamID

callback: (Callback Nullable)callback

NS SWIFT NAME(startPublish(streamID:callback:));

The parameters are as detailed below:
Parameter Type Description

The streamID used to bind live streaming CDNs. You need to
streamlID String set it to the streamID of the anchor if you want audience to
play the anchor’s stream via CDNs.
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Parameter Type Description
(_code: Int, _
callback me.ssage: Callback for the operation
String?) ->
Void
stopPublish

This APl is used to stop live streaming (pushing streams), which can be called in the following

scenarios:

« An anchor ends live streaming.

« A viewer ends co-anchoring.

/7 Stop live streaming (pushing streams). This API can be called in the following scenarios:
/// 1. An anchor ends live streaming.

/// 2. A viewer ends co-anchoring.

/// — Parameter callback: callback for the operation

- (void)stopPublish: (Callback Nullable)callback

NS SWIFT NAME(stopPublish(callback:));

The parameters are as detailed below:

Parameter Type Description
callback (_ code: Int, _ message: String?) -> Void Callback for the operation
startPlay

This APl is used to play a remote video. It can be called in common playback and co-anchoring

scenarios.

/// Play a remote video. This API can be called in common playback and co-anchoring scenarios.
/// Common playback scenario

/// 1. If the room list managed by your server contains the “userID” of the anchor of each room,
after entering a room, a user can call “startPlay(userID)  to play the anchor’ s video.

/// 2. If the room list contains “roomID™ only, upon room entry, a user will receive the “onAncho
rEnter(userID) callback from “TRTCLiveRoomDelegate .

/// The user can then call “startPlay(userID), passing in the ‘userID” obtained from the callbac
k, to play the anchor’ s video.

/// Co-anchoring scenario

/// After co-anchoring starts, the anchor will receive the “onAnchorEnter(userID)  callback from
“TRTCL iveRoomDe legate ™~ and can call “startPlay(userID) , passing in the “userID  obtained from th
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e callback to play the co-anchoring user’ s video.

/// - Parameters:

/// — userID: ID of the user whose video is to be played
/// = view: the control that loads video images

/// — callback: callback for the operation

- (void)startPlayWithUserID: (NSString *)userID

view: (UIView *)view

callback: (Callback Nullable)callback

NS SWIFT NAME(startPlay(userID:view:callback:));

The parameters are as detailed below:

Parameter Type Description
, ID of the user whose video is to be
useriD String
played
view UlView The control that loads video images

(_ code: Int, _ message: String?) ->
Void

callback Callback for the operation

Common playback scenario

« If the room list contains anchors’ userID , after entering a room, a user can call
startPlay(userID) to play the anchor's video.
« If a user does not have the anchor's userID before room entry, he or she can find it in the
onAnchorEnter (userID) callback of TRTCLiveRoomDelegate , which is returned after room entry, and
can then call startPlay(userID) to play the anchor’s video.

Co-anchoring scenario
After co-anchoring starts, the anchor will receive the onAnchorEnter(userID) callback from
TRTCLiveRoomDe legate and can call startPlay(userID), passing in the userlD" obtained from the

callback to play the co-anchoring user’s video.

stopPlay

This API is used to stop rendering a remote video. It needs to be called after the onAnchorExit()
callback is received.

/// Stop rendering a remote video

/// — Parameters:

/// — userID: ID of the remote user

/// — callback: callback for the operation
/// - Note:
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/// — Call this API after receiving the “onAnchorExit  callback.
- (void)stopPlayWithUserID: (NSString *)userID

callback: (Callback Nullable)callback

NS SWIFT NAME(stopPlay(userID:callback:));

The parameters are as detailed below:

Parameter Type Description
userlD String ID of the remote user
callback (_ code: Int, _ message: String?) -> Void Callback for the operation

APIs for Anchor-Audience Co-anchoring

requestjoinAnchor

This APl is used to send a co-anchoring request (called by audience).

/// Send a co-anchoring request

/// - Parameters:

/// — reason: reason for co-anchoring

/// — responseCallback: callback of the response

/// — Note: After a viewer sends a co-anchoring request, the anchor will receive the “onRequestJo
inAnchor ™~ cal lback.

- (void)requestJoinAnchor: (NSString *)reason

timeout: (double)timeout

responseCal lback: (ResponseCallback Nullable)responseCal lback

NS SWIFT NAME(requestJoinAnchor(reason:timeout:responseCallback:));

The parameters are as detailed below:

Parameter Type Description
reason String Reason for co-anchoring

Timeout period for the co-anchoring

timeout long request

(_ agreed: Bool, _reason: String?)

responseCallback )
-> Void

Callback of the anchor’s response

The process of co-anchoring between anchors and audience is as follows:

1. A viewer calls requestJoinAnchor() to send a co-anchoring request to the anchor.
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. The anchor receives the onRequestJoinAnchor() callback of TRTCLiveRoomDelegate .

. The anchor calls responseJoinAnchor() to accept or reject the co-anchoring request.

. The viewer receives the responseCallback callback, which carries the anchor’s response.

. If the request is accepted, the viewer calls startCameraPreview() to enable local camera preview.
. The viewer calls startPublish() to push streams.

N o o A WN

. After the viewer starts pushing streams, the anchor receives the onAnchorEnter() callback of
TRTCLiveRoomDe legate .

8. The anchor calls startPlay() to play the co-anchoring viewer’s video.

9. If there are other viewers co-anchoring with the anchor in the room, the new co-anchoring viewer

will receive the onAnchorEnter() callback and can call startPlay() to play other co-anchoring

viewers’ video.

responsejoinAnchor

This APl is used to respond to a co-anchoring request (called by anchor) after receiving the
onRequestJoinAnchor() callback of TRTCLiveRoomDelegate

/// Respond to a co-anchoring request

/// - Parameters:

/// - user: user ID of the viewer

/// — agree: “true’: accept; ‘false’: reject

/// — reason: reason for accepting/rejecting the request
/// — Note: After the anchor responds to the request, the viewer will receive the “responseCallba
ck ™ passed in to "requestJoinAnchor .

- (void)responseJoinAnchor: (NSString *)userID

agree: (BOOL)agree

reason: (NSString *)reason

NS SWIFT NAME(responseJoinAnchor(userID:agree:reason:));

The parameters are as detailed below:

Parameter Type Description

useriD String User ID of the viewer

agree Bool true : accept; false :reject

reason String? Reason for accepting/rejecting the request
kickoutjoinAnchor

This APl is used to remove a user from co-anchoring (called by anchor). The removed user will
receive the onKickoutJoinAnchor() callback of TRTCLiveRoomDelegate
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/// Remove a user from co-anchoring

/// - Parameters:

/// — userID: ID of the user to remove from co-anchoring

/// = callback: callback for the operation

/// — Note: After the anchor calls this API to remove a user from co-anchoring, the user will rec
eive the “trtcliveRoomOnKickoutJoinAnchor ()~ callback.

- (void)kickoutJoinAnchor: (NSString *)userID

callback: (Callback Nullable)callback

NS SWIFT NAME(kickoutJoinAnchor(userID:callback:));

The parameters are as detailed below:

Parameter Type Description

ID of the user to remove from co-

userlD String anchoring

(_ code: Int, _ message: String?) ->
Void

callback Callback for the operation

APIs for Cross-Room Anchor Competition

requestRoomPK

This APl is used to request cross-room competition (called by anchor).

/// Request cross—room competition

/// - Parameters:

/// = roomID: room ID of the anchor to invite

/// — userID: user ID of the anchor to invite

/// = responseCallback: callback of the response

/// — Note: After a cross—-room competition request is sent, the invited anchor will receive the °
onRequestRoomPK ™ cal lback.

- (void)requestRoomPKWithRoomID: (UInt32) roomID

userID: (NSString *)userID

responseCal lback: (ResponseCal lback Nullable)responseCallback
NS SWIFT NAME(requestRoomPK(roomID:userID:responseCallback:));

The parameters are as detailed below:

Parameter Type Description

roomID Ulnt32 room ID of the anchor to invite
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Parameter Type Description
userlD String user ID of the anchor to invite

(_ agreed: Bool, _reason: String?) ->

responseCallback
P Void

Callback of the response

Anchors in different rooms can compete with each other. The process of starting cross-room

competition between anchor A and anchor B is as follows:

1. Anchor A calls requestRoomPK() to send a co-anchoring request to anchor B.

2. Anchor B receives the onRequestRoomPK() callback of TRTCLiveRoomDelegate .

3. Anchor B calls responseRoomPK() to respond to the competition request.

4. If anchor B accepts the request, he or she would wait for the onAnchorEnter() callback of
TRTCLiveRoomDe legate and call startPlay() to play anchor A's video.

5. Anchor A receives the responseCallback callback, which carries anchor B’s response.

6. If the request is accepted, anchor A waits for the onAnchorEnter() callback of
TRTCLiveRoomDe legate and calls startPlay() to play anchor B’s video.

responseRoomPK

This APl is used to respond to a cross-room competition request (called by anchor), after which the

request sending anchor will receive the responseCallback passed in to requestRoomPK .

/// Respond to a cross—room competition request

/// Respond to a competition request from another anchor
/// - Parameters:

/// - user: user ID of the request sending anchor

/// — agree: ‘true’: accept; ‘false’: reject

/// — reason: reason for accepting/rejecting the request
/// — Note: After the anchor responds to the request, the request sending anchor will receive the
‘responseCal lback™ passed in to “requestRoomPK .

- (void)responseRoomPKWithUserID: (NSString *)userID
agree: (BOOL)agree

reason: (NSString *)reason

NS SWIFT NAME(responseRoomPK(userID:agree:reason:));

The parameters are as detailed below:

Parameter Type Description
useriD String User ID of the request sending anchor
agree Bool true : accept; false : reject
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Parameter Type Description
reason String? Reason for accepting/rejecting the request
quitRoomPK

This APl is used to quit cross-room competition. If either anchor quits cross-room competition, the
other anchor will receive the trtcLiveRoomOnQuitRoomPK() callback of TRTCLiveRoomDelegate .

/// Quit cross-room competition

/// — Parameter callback: callback for quitting cross—room competition

// — Note: If either anchor quits cross—room competition, the other anchor will receive the “trtc
L iveRoomOnQuitRoomPK "~ cal lback.

- (void)quitRoomPK: (Callback Nullable)callback

NS SWIFT NAME(quitRoomPK(callback:));

The parameters are as detailed below:

Parameter Type Description

callback (_ code: Int, _message: String?) -> Void Callback for the operation

Audio/Video APIs

switchCamera

This API is used to switch between the front and rear cameras.

/// Switch between the front and rear cameras
- (void)switchCamera;

setMirror

This API is used to set the mirror mode.

/// Specify whether to mirror video

/// — Parameter isMirror: enable/disable mirroring
- (void)setMirror: (BOOL)isMirror

NS SWIFT NAME(setMirror(isMirror:));

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description
isMirror Bool Enable/Disable mirroring
mutelLocalAudio

This API is used to mute or unmute the local user.

/// Mute or unmute the local user

/// — Parameter isMuted: “true : mute; “false : unmute
- (void)muteLocalAudio: (BOOL) isMuted

NS SWIFT NAME(muteLocalAudio(isMuted:));

The parameters are as detailed below:

Parameter Type Description
isMuted Bool true : mute; false : unmute
muteRemoteAudio

This API is used to mute or unmute a remote user.

/// Mute or unmute a remote user

/// - Parameters:

/// = userID: ID of the remote user

/// — isMuted: “true : mute; “false : unmute

- (void)muteRemoteAudioWithUserID: (NSString *)userID isMuted: (BOOL)isMuted
NS SWIFT NAME(muteRemoteAudio(userID:isMuted:));

The parameters are as detailed below:

Parameter Type Description

useriD String ID of the remote user

isMuted Bool true : mute; false : unmute
muteAllRemoteAudio

This API is used to mute or unmute all remote users.

/// Mute or unmute all remote users
/// — Parameter isMuted: “true’: mute; “false’: unmute
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- (void)muteAllRemoteAudio: (BOOL) isMuted
NS SWIFT NAME(muteAllRemoteAudio( :));

The parameters are as detailed below:

Parameter Type Description
isMuted Bool true : mute; false : unmute
setAudioQuality

This APl is used to set audio quality.

/// Set audio quality. Valid values: “1° (low), “2° (average), "3 (high)
/// — Parameter quality: audio quality
- (void)setAudioQuality: (NSInteger)quality
NS SWIFT NAME(setAudioiQuality(quality:));
The parameters are as detailed below:

Parameter Type Description

quality NSInteger 1 : speech; 2 :standard; 3 : music

Background Music and Audio Effect APIs

getAudioEffectManager

This APl is used to get the background music and audio effect management object
TXAudioEffectManager.

/// Get the audio effect management object
- (TXAudioEffectManager *)getAudioEffectManager;

Beauty Filter APIs

getBeautyManager

This APl is used to get the beauty filter management object TXBeautyManager.

/* Get the beauty filter management object TXBeautyManager
Xk
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* You can do the following using TXBeautyManager :

* — Set the beauty filter style and apply effects including skin brightening, rosy skin, eye enla
rging, face slimming, chin slimming, chin lengthening/shortening, face shortening, nose narrowin

g, eye brightening, teeth whitening, eye bag removal, wrinkle removal, and smile line removal.

* — Adjust the hairline, eye spacing, eye corners, lip shape, nose wings, nose position, Lip thic
kness, and face shape.

* - Apply animated effects such as face widgets (materials).

* — Add makeup effects.

* — Recognize gestures.

*/
- (TXBeautyManager *)getBeautyManager;

You can do the following using TXBeautyManager :

» Set the beauty filter style and apply effects including skin brightening, rosy skin, eye enlarging,
face slimming, chin slimming, chin lengthening/shortening, face shortening, nose narrowing, eye
brightening, teeth whitening, eye bag removal, wrinkle removal, and smile line removal.

» Adjust the hairline, eye spacing, eye corners, lip shape, nose wings, nose position, lip thickness,
and face shape.

» Apply animated effects such as face widgets (materials).

» Add makeup effects.

» Recognize gestures.

Message Sending APlIs

sendRoomTextMsg

This APl is used to broadcast a text message in a room, which is generally used for on-screen

comments.

/// Send a text message that can be seen by all users in a room

/// - Parameters:

/// — message: text message

/// - callback: callback for message sending

- (void)sendRoomTextMsg: (NSString *)message callback:(Callback Nullable)callback
NS SWIFT NAME(sendRoomTextMsg(message:callback:));

The parameters are as detailed below:

Parameter Type Description
message String Text message
callback (_ code: Int, _ message: String?) -> Void Callback for message sending
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This APl is used to send a custom text message.

/// Send a custom message
/// - Parameters:

/// — command: custom command word used to distinguish between different message types

/// — message: text message

/// — callback: callback for message sending

- (void)sendRoomCustomMsgWithCommand: (NSString *)command message: (NSString *)message cal lback: (Ca

Llback Nullable)callback

NS SWIFT NAME(sendRoomCustomMsg(command:message:cal lback:));

The parameters are as detailed below:

Parameter Type
command String
message String

callback ] )
String?) -> Void

Debugging APIs

showVideoDebuglLog

(_ code: Int, _ message:

Description

Custom command word used to distinguish between
different message types

Custom text message

Callback for message sending

This APl is used to specify whether to display debugging information on the UL.

/// Specify whether to display debugging information on the UI
/// — Parameter isShow: show/hide debugging information

- (void)showVideoDebuglLog: (BOOL) i sShow

NS SWIFT NAME (showVideoDebuglLog( :));

The parameters are as detailed below:

Parameter Type

isShow Bool

Description

Show/Hide debugging information

TRTCLiveRoomDe legate Event Callback APIs

©2013-2019 Tencent Cloud. All rights reserved.

Page 246 of 777



@Tencent Cloud Tencent Real-Time Communication

Common Event Callback APIs

onError

Callback for error.

Note :
This callback indicates that the SDK encountered an unrecoverable error. Such errors must be

listened for, and Ul reminders should be sent to users if necessary.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onError:(NSInteger)code

message: (NSString *)message

NS SWIFT NAME(trtcLiveRoom( :onError:message:));

The parameters are as detailed below:

Parameter Type Description
trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance
code Int Error code
message String? Error message
onWarning

Callback for warning.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onWarning: (NSInteger)code

message: (NSString *)message

NS SWIFT NAME(trtcLiveRoom( :onWarning:message:));

The parameters are as detailed below:

Parameter Type Description

trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance
code Int TRTCWarningCode

message String? Warning message
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onDebuglLog

Callback for log.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onDebuglLog: (NSString *) log
NS SWIFT NAME(trtcLiveRoom( :onDebuglog:));

The parameters are as detailed below:

Parameter Type Description
trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance
log String Log information

Room Event Callback APIs

onRoomDestroy

Callback for room termination. All users in a room will receive this callback after the anchor leaves

the room.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onRoomDestroy: (NSString *)roomID
NS SWIFT NAME(trtcLiveRoom( :onRoomDestroy:));

The parameters are as detailed below:

Parameter Type Description
trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance
roomID String room ID

onRoominfoChange

Callback for change of room information. This callback is usually used to notify users of room status

change in co-anchoring and anchor competition scenarios.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onRoomInfoChange: (TRTCLiveRoomInfo *)info
NS SWIFT NAME(trtcLiveRoom( :onRoomInfoChange:));
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The parameters are as detailed below:

Parameter Type Description
trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance
info TRTCLiveRoomInfo room information

Callback APIs for Entry/Exit of Anchors/Audience

onAnchorEnter

Callback for a new anchor/co-anchoring viewer. Audience will receive this callback when there is a
new anchor/co-anchoring viewer in the room and can call startPlay() of TRTCLiveRoom to play the

video of the anchor/co-anchoring viewer.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onAnchorEnter: (NSString *)userID
NS SWIFT NAME(trtcLiveRoom( :onAnchorEnter:));

The parameters are as detailed below:

Parameter Type Description

trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance

userlD String User ID of the new anchor/co-anchoring viewer
onAnchorExit

Callback for the quitting of an anchor/co-anchoring viewer. The anchors and co-anchoring viewers in
a room will receive this callback after an anchor/co-anchoring viewer quits competition/co-anchoring
and can call stopPlay() of TRTCLiveRoom to stop playing the video of the anchor/co-anchoring

viewer.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onAnchorExit: (NSString *)userID
NS SWIFT NAME(trtcLiveRoom( :onAnchorExit:));

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description

trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance

useriD String User ID of the anchor/co-anchoring viewer
onAudienceEnter

Callback for room entry by a viewer.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onAudienceEnter: (TRTCLiveUserInfo *)user
NS SWIFT NAME(trtcLiveRoom( :onAudienceEnter:));

The parameters are as detailed below:

Parameter Type Description

trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance

user TRTCLiveUserInfo Information of the user who entered the room
onAudienceExit

Callback for room exit by a viewer.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onAudienceExit:(TRTCLiveUserInfo *)user
NS SWIFT NAME(trtcLiveRoom( :onAudienceExit:));

The parameters are as detailed below:

Parameter Type Description
trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance
user TRTCLiveUserlnfo Information of the user who left the room

Callback APIs Audience-Anchor Co-anchoring Events

onRequestjoinAnchor

Callback for receiving a co-anchoring request from a viewer.
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- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onRequestJoinAnchor: (TRTCLiveUserInfo *)user

reason: (NSString * Nullable)reason

timeout: (double)timeout

NS SWIFT NAME(trtcLiveRoom( :onRequestJoinAnchor:reason:timeout:));

The parameters are as detailed below:

Parameter Type Description

trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance

user TRTCLiveUserlnfo Information of the user who requested co-anchoring
reason String? Reason for co-anchoring

timeout Double Timeout period for response from the anchor

onKickoutjoinAnchor

Callback for being removed from co-anchoring. After receiving this callback, a co-anchoring viewer
needs to call stopPublish() of TRTCLiveRoom to quit co-anchoring.

- (void)trtcLiveRoomOnKickoutJoinAnchor: (TRTCLiveRoom *) LiveRoom
NS SWIFT NAME(trtcLiveRoomOnKickoutJoinAnchor( :));

The parameters are as detailed below:

Parameter Type Description

trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance

Callback APIs for Anchor Competition Events

onRequestRoomPK

Callback for receiving a cross-room competition request. If an anchor accepts the request, he or she
should wait for the onAnchorEnter() callback of TRTCLiveRoomDelegate and call startPlay() to play
the other anchor’s video.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onRequestRoomPK: (TRTCLiveUserInfo *)user
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timeout: (double)timeout
NS SWIFT NAME(trtcLiveRoom( :onRequestRoomPK:timeout:));

The parameters are as detailed below:

Parameter Type Description

trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance

user TRTCLiveUserInfo Information of the anchor who requested competition

timeout Double Timeout period for response from the anchor
onQuitRoomPK

Callback for ending cross-room competition.

- (void)trtcLiveRoomOnQuitRoomPK: (TRTCLiveRoom *) liveRoom
NS SWIFT NAME(trtcLiveRoomOnQuitRoomPK( :));

The parameters are as detailed below:

Parameter Type Description

trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance

Message Event Callback APIs

onRecvRoomTextMsg

Callback for receiving a text message.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onRecvRoomTextMsg: (NSString *)message

fromUser: (TRTCLiveUserInfo *)user

NS SWIFT NAME(trtcLiveRoom( :onRecvRoomTextMsg:fromUser:));

The parameters are as detailed below:

Parameter Type Description
trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance
message String Text message
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Parameter Type Description

user TRTCLiveUserInfo Information of the sender

onRecvRoomCustomMsg

Callback for receiving a custom message.

- (void)trtcLiveRoom: (TRTCLiveRoom *)trtcLiveRoom
onRecvRoomCustomMsgWi thCommand: (NSString *)command

message: (NSString *)message

fromUser: (TRTCLiveUserInfo *)user

NS SWIFT NAME(trtcLiveRoom( :onRecvRoomCustomMsg:message:fromUser:));

The parameters are as detailed below:
Parameter Type Description

trtcLiveRoom TRTCLiveRoomImpl Current TRTCLiveRoom component instance

Custom command word used to distinguish between

command Strin

g different message types
message String Text message
user TRTCLiveUserinfo Information of the sender
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TRTCLiveRoom APIs (Android)

Last updated : 2021-12-24 17:12:01

TRTCLiveRoom is based on Tencent Real-Time Communication (TRTC) and Instant Messaging (IM). Its
features include:

A user can create a room and start live streaming, or enter a room as audience.

The anchor and audience in a room can co-anchor with each other.

Anchors in two rooms can compete and interact with each other.

All users can send text and custom messages. Custom messages can be used to send on-screen
comments, give likes, and send gifts.

TRTCLiveRoom is an open-source class depending on two closed-source Tencent Cloud SDKs. For the

specific implementation process, please see Interactive Live Video Streaming (Android).

o TRTC SDK: The TRTC SDK is used as a low-latency live streaming component.
o IM SDK: The AVChatRoom feature of the IM SDK is used to implement chat rooms, and IM messages

are used to facilitate the co-anchoring process.

TRTCLiveRoom API Overview

Basic SDK APIs

API Description
sharedlnstance Gets a singleton object.
destroySharedlnstance Terminates a singleton object.
setDelegate Sets event callbacks.
setDelegateHandler Sets the thread where event callbacks are.
login Logs in.
logout Logs out.
setSelfProfile Sets the profile.

Room APIs
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API
createRoom

destroyRoom
enterRoom
exitRoom

getRoomlinfos

getAnchorList

getAudiencelList

Tencent Real-Time Communication

Description

Creates a room (called by anchor). If the room does not exist, the system will
create the room automatically.

Terminates a room (called by anchor).
Enters a room (called by audience).
Exits a room (called by audience).
Gets room list details.

Gets the anchors in a room. This APl works only if it is called after
enterRoom() .

Gets the information of all audience in a room. This APl works only if it is
called after enterRoom() .

Stream pushing/pulling APIs

API

Description

startCameraPreview Enables preview of the local video.

stopCameraPreview
startPublish

stopPublish

startPlay

stopPlay

Stops local video capturing and preview.
Starts live streaming (pushing streams).
Stops live streaming (pushing streams).

Plays a remote video. This API can be called in common playback and
co-anchoring scenarios.

Stops rendering a remote video.

APIs for anchor-audience co-anchoring

API
requestjoinAnchor
responsejoinAnchor

kickoutjoinAnchor

Description
Requests co-anchoring (called by audience).
Responds to a co-anchoring request (called by anchor).

Removes a user from co-anchoring (called by anchor).
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APIs for cross-room anchor competition

API Description

requestRoomPK Requests cross-room competition (by anchor).

responseRoomPK Responds to a cross-room competition request (called by anchor).
quitRoomPK Quits cross-room competition.

Audio/Video APIs

API Description

switchCamera Switches between the front and rear cameras.
setMirror Specifies whether to mirror video.
mutelLocalAudio Mutes/Unmutes the local user.
muteRemoteAudio Mutes/Unmutes a remote user.
muteAllRemoteAudio Mutes/Unmutes all remote users.

Background music and audio effect APIs
API Description

Gets the background music and audio effect management object

getAudioEffectManager ,
TXAudioEffectManager.

Beauty filter APIs
API Description

getBeautyManager Gets the beauty filter management object TXBeautyManager.

Message sending APIs
API Description

Broadcasts a text message in a room. This API is generally used for on-

sendRoomTextMsg
screen comments.

sendRoomCustomMsg Sends a custom text message.
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API Description

showVideoDebuglLog Specifies whether to display debugging information on the Ul.

TRTCLiveRoomDelegate API Overview

Common event callback APIs

API
onError
onWarning

onDebugLog

Room event callback APIs
API
onRoomDestroy

onRoomInfoChange

Description
Error
Warning

Log

Description
The room was terminated.

The room information changed.

Callback APIs for entry/exit of anchors/audience

API

onAnchorEnter

onAnchorExit

onAudienceEnter

onAudienceExit

Description

There is a new anchor in the room.
An anchor left the room.

A viewer entered the room.

A viewer left the room.

Callback APIs for anchor-audience co-anchoring events

API

onRequestjoinAnchor

Description

A co-anchoring request was received.
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API Description

onKickoutjoinAnchor A user was removed from co-anchoring.

Callback APIs for anchor competition events

API Description
onRequestRoomPK A cross-room competition request was received.
onQuitRoomPK Cross-room competition ended.

Message event callback APIs
API Description

onRecvRoomTextMsg A text message was received.

onRecvRoomCustomMsg A custom message was received.

Basic SDK APIs

sharedinstance

This APl is used to get a TRTCLiveRoom singleton object.

public static synchronized TRTCLiveRoom sharedInstance(Context context);
The parameters are as detailed below:

Parameter  Type Description

Android context, which will be converted to ApplicationContext for the

context Context )
calling of system APIs

destroySharedinstance

This APl is used to terminate a TRTCLiveRoom singleton object.

Note :
After the instance is terminated, the externally cached TRTCLiveRoom

be used. You need to call sharedinstance again to get a new instance.

instance can no longer
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public static void destroySharedInstance();

setDelegate

This API is used to get callbacks for the events of TRTCLiveRoom. You can use TRTCLiveRoomDelegate

to get the callbacks.

public abstract void setDelegate(TRTCLiveRoomDelegate delegate);

Note :
setDelegate is the delegate callback of TRTCLiveRoom

setDelegateHandler

This API is used to set the thread where event callbacks are.
public abstract void setDelegateHandler(Handler handler);
The parameters are as detailed below:

Parameter  Type Description

Callbacks for the events of TRTCLiveRoom are returned via this handler.

handler Handler i .
Do not use it together with setDelegate .

login

This APl is used to log in.

public abstract void login(int sdkAppld,
String userId, String userSig,
TRTCLiveRoomDef. TRTCLiveRoomConfig config,
TRTCLiveRoomCal lback. ActionCal lback callback);

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description

You can view SDKAppID in Application Management >

sdkAppld int
PP Application Info of the TRTC console.

ID of the current user, which is a string that can contain
userld String only letters (a-z and A-Z), digits (0-9), hyphens (-), and
underscores ()

Tencent Cloud's proprietary security signature. For how to

userSig String o ,
obtain it, please see UserSig.

Global configuration information, which needs to be

initialized during login and cannot be modified afterward.

« useCDNFirst : specifies the way audience watch live
streams. true means watching over CDNs, which is
cost-efficient but has high latency. false means
watching under the low latency mode, the cost of
which is between that of CDN live streaming and co-
anchoring, but the latency is lower than 1 second.

« CDNPlayDomain : specifies the domain name for CDN
live streaming. It takes effect only if useCDNFirst is set
to true . You can set it in Domain Management of
the CSS console.

config TRTCLiveRoomConfig

callback ActionCallback Callback for login. The code is 0 if login succeeds.

logout

This APl is used to log out.

public abstract void logout(TRTCLiveRoomCal lback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description
callback ActionCallback Callback for logout. The code is 0 if logout succeeds.
setSelfProfile

This APl is used to set the profile.

public abstract void setSelfProfile(String userName, String avatarURL, TRTCLiveRoomCal lback.Actio
nCallback callback);
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The parameters are as detailed below:

Parameter  Type Description
userName String Username
avatar String Profile photo URL
. ing. < 0 .
callback ActionCallback Callback for profile setting. The code is if the operation
succeeds.
Room APIs
createRoom

This APl is used to create a room (called by anchor).

public abstract void createRoom(int roomId, TRTCLiveRoomDef.TRTCCreateRoomParam roomParam, TRTCLi
veRoomCal Lback. ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description

Room ID. You need to assign and manage the IDs in a
centralized manner. Multiple roomId values can be

roomld int aggregated into a live room list. Currently, Tencent
Cloud does not provide list management services.
Please manage the list on your own.

Room information, such as room name and cover
information. If both the room list and room
information are managed on your server, you can
ignore this parameter.

roomParam TRTCCreateRoomParam

Callback for room creation. The code is 0 if the

callback ActionCallback )
operation succeeds.

The process of creating a room and starting live streaming as an anchor is as follows:

1. A user calls startCameraPreview() to enable camera preview and set beauty filters.

2. The user calls createRoom() to create a room, the result of which is returned via the
ActionCallback callback.

3. The user calls startPublish() to push streams.

©2013-2019 Tencent Cloud. All rights reserved. Page 261 of 777



@Tencent Cloud Tencent Real-Time Communication

destroyRoom

This APl is used to terminate a room (called by anchor).

public abstract void destroyRoom(TRTCLiveRoomCallback.ActionCallback callback);

The parameters are as detailed below:

Parameter  Type Description

Callback for room termination. The code is 0 if the operation
succeeds.

callback ActionCallback

enterRoom

This APl is used to enter a room (called by audience).

public abstract void enterRoom(int roomId, TRTCLiveRoomCallback.ActionCallback callback);

The parameters are as detailed below:

Parameter  Type Description
roomld int Room ID

: < 0 .
callback ActionCallback Callback for room entry. The code is if the operation

succeeds.

The process of entering a room and starting playback as audience is as follows:

1. A user gets the latest room list from your server. The list may contain the roomId and other
information of multiple rooms.

2. The user selects a room and calls enterRoom() to enter the room.

3. The user calls startPlay(userId) , passing in the anchor’s userId to start playback.
o If the room list contains the anchor’s userId , the user can call startPlay(userId) to start

playback.
o If the user does not have the anchor's userld before room entry, he or she can find it in the
onAnchorEnter(userId) callback of TRTCLiveRoomDelegate , which is returned after room entry,

and can then call startPlay(userId) to start playback.

exitRoom

This API is used to leave a room.
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public abstract void exitRoom(TRTCLiveRoomCallback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description

Callback for room exit. The code is 0 if the operation

callback ActionCallback
succeeds.

getRoominfos

This APl is used to get room list details, which are set by anchors via roomInfo when they call

createRoom() .

Note :

You don’t need this API if both the room list and room information are managed on your server.

public abstract void getRoomInfos(List<{Integer> roomIdList, TRTCLiveRoomCal lback.RoomInfoCal lback
cal lback);

The parameters are as detailed below:

Parameter Type Description

roomldList List<Integer> Room ID list

callback RoominfoCallback Callback of room details
getAnchorList

This API is used to get the anchors in a room. It takes effect only if it is called after enterRoom() .

public abstract void getAnchorList(TRTCLiveRoomCal lback.UserListCallback callback);

The parameters are as detailed below:

Parameter Type Description
callback UserListCallback Callback of user details
getAudiencelist
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This APl is used to get the information of all audience in a room. It takes effect only if it is called after

enterRoom() .

public abstract void getAudiencelList(TRTCLiveRoomCallback.UserListCallback callback);

The parameters are as detailed below:

Parameter Type Description

callback UserlListCallback Callback of user details

Stream Pushing/Pulling APIs

startCameraPreview

This APl is used to enable local video preview.

public abstract void startCameraPreview(boolean isFront, TXCloudVideoView view, TRTCLiveRoomCallb
ack.ActionCal lback callback);

The parameters are as detailed below:

Parameter Type Description

isFront boolean true : front camera; false : rear camera

view TXCloudVideoView The control that loads video images

callback ActionCallback Callback for the operation
stopCameraPreview

This APl is used to stop local video capturing and preview.

public abstract void stopCameraPreview();

startPublish

This APl is used to start live streaming (pushing streams), which can be called in the following

scenarios:

« An anchor starts live streaming.

« A viewer starts co-anchoring.
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public abstract void startPublish(String streamId, TRTCLiveRoomCal lback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description

The streamld used to bind live streaming CDNs. You need to
streamld String set it to the streamld of the anchor if you want audience to
play the anchor’s stream via live streaming CDNSs.

callback ActionCallback Callback for the operation

stopPublish

This APl is used to stop live streaming (push), which is suitable for the following scenarios:

« An anchor ends live streaming.

« A viewer ends co-anchoring.

public abstract void stopPublish(TRTCLiveRoomCallback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description
callback ActionCallback Callback for the operation
startPlay

This APl is used to play a remote video. It can be called in common playback and co-anchoring

scenarios.

public abstract void startPlay(String userId, TXCloudVideoView view, TRTCLiveRoomCallback.ActionC
allback callback);

The parameters are as detailed below:

Parameter Type Description

userld String ID of the user whose video is to be played
view TXCloudVideoView The control that loads video images
callback ActionCallback Callback for the operation
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Common playback scenario

« If the room list contains anchors’ userld , after entering a room, a user can call
startPlay(userId) to play the anchor's video.

o If a user does not have the anchor's userld before room entry, he or she can find it in the
onAnchorEnter (userId) callback of TRTCLiveRoomDelegate , which is returned after room entry, and

can then call startPlay(userId) to play the anchor’s video.

Co-anchoring scenario

After co-anchoring starts, the anchor will receive the onAnchorEnter(userId) callback from
TRTCLiveRoomDe legate and can call startPlay(userId) , passing in the userId obtained from the

callback to play the co-anchoring user’s video.

stopPlay

This API is used to stop rendering a remote video. It needs to be called after the onAnchorExit()

callback is received.

public abstract void stopPlay(String userId, TRTCLiveRoomCallback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description
userld String ID of the remote user
callback ActionCallback Callback for the operation

APIs for Anchor-Audience Co-anchoring

requestjoinAnchor

This APl is used to send a co-anchoring request (called by audience).

public abstract void requestJoinAnchor(String reason, int timeout, TRTCLiveRoomCallback.ActionCal
Lback callback);

The parameters are as detailed below:

Parameter Type Description

reason String Reason for co-anchoring
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Parameter Type Description
timeout int Timeout period
callback ActionCallback Callback of the anchor’s response

The process of co-anchoring between anchors and audience is as follows:

. A viewer calls requestJoinAnchor() to send a co-anchoring request to the anchor.

. The anchor receives the onRequestJoinAnchor() callback of TRTCLiveRoomDelegate .

. The anchor calls responseJoinAnchor() to accept or reject the co-anchoring request.

. The viewer receives the responseCallback callback, which carries the anchor’s response.

. If the request is accepted, the viewer calls startCameraPreview() to enable local camera preview.
. The viewer calls startPublish() to push streams.

N o o A WN

. After the viewer starts pushing streams, the anchor receives the onAnchorEnter() callback of
TRTCLiveRoomDe Legate .

8. The anchor calls startPlay() to play the co-anchoring viewer’s video.

9. If there are other viewers co-anchoring with the anchor in the room, the new co-anchoring viewer

will receive the onAnchorEnter() callback and can call startPlay() to play other co-anchoring

viewers’ video.

responsejoinAnchor

This APl is used to respond to a co-anchoring request (called by anchor) after receiving the
onRequestJoinAnchor() callback of TRTCLiveRoomDelegate .

public abstract void responseJoinAnchor(String userId, boolean agree, String reason);

The parameters are as detailed below:

Parameter Type Description

userld String User ID of the viewer

agree boolean true : accept; false :reject

reason String Reason for accepting/rejecting the request
kickoutjoinAnchor

This APl is used to remove a user from co-anchoring (called by anchor). The removed user will
receive the onKickoutJoinAnchor() callback of TRTCLiveRoomDelegate .
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public abstract void kickoutJoinAnchor(String userId, TRTCLiveRoomCallback.ActionCallback callbac
k);

The parameters are as detailed below:

Parameter Type Description
userld String ID of the co-anchoring user
callback ActionCallback Callback for the operation

APIs for Cross-Room Anchor Competition

requestRoomPK

This APl is used to request cross-room competition (called by anchor).

public abstract void requestRoomPK(int roomId, String userId, TRTCLiveRoomCallback.ActionCallback
callback);

The parameters are as detailed below:

Parameter Type Description

roomid int Room ID of the anchor to call

userld String User ID of the anchor to call

callback ActionCallback Callback for requesting cross-room competition

Anchors in different rooms can compete with each other. The process of starting cross-room

competition between anchor A and anchor B is as follows:

1. Anchor A calls requestRoomPK() to send a competition request to anchor B.

2. Anchor B receives the onRequestRoomPK() callback of TRTCLiveRoomDelegate .

3. Anchor B calls responseRoomPK() to respond to the competition request.

4. If anchor B accepts the request, he or she would wait for the onAnchorEnter() callback of
TRTCLiveRoomDe legate and call startPlay() to play anchor A's video.

5. Anchor A receives the responseCallback callback, which carries anchor B’s response.

6. If the request is accepted, anchor A waits for the onAnchorEnter() callback of
TRTCLiveRoomDelegate and calls startPlay() to play anchor B’s video.
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responseRoomPK

This APl is used to respond to a cross-room competition request (called by anchor), after which the

request sending anchor will receive the responseCallback passed in to requestRoomPK .

public abstract void responseRoomPK(String userId, boolean agree, String reason);

The parameters are as detailed below:

Parameter Type Description

userld String User ID of the request sending anchor

agree boolean true : accept; false :reject

reason String Reason for accepting/rejecting the request
quitRoomPK

This APl is used to quit cross-room competition. If either anchor quits cross-room competition, the
other anchor will receive the onQuitRoomPk() callback of TRTCLiveRoomDelegate .

public abstract void quitRoomPK(TRTCLiveRoomCal lback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description

callback ActionCallback Callback for the operation

Audio/Video APIs

switchCamera

This API is used to switch between the front and rear cameras.

public abstract void switchCamera();

setMirror

This API is used to set the mirror mode.

public abstract void setMirror(boolean isMirror);
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The parameters are as detailed below:

Parameter Type Description

isMirror boolean Enable/Disable mirroring

mutelLocalAudio

This APl is used to mute or unmute the local user.
public abstract void muteLocalAudio(boolean mute);

The parameters are as detailed below:

Parameter Type Description

mute boolean true : mute; false : unmute

muteRemoteAudio

This API is used to mute or unmute a remote user.

public abstract void muteRemoteAudio(String userId, boolean mute);

The parameters are as detailed below:

Parameter Type Description
userld String ID of the remote user
mute boolean true : mute; false : unmute

muteAllRemoteAudio

This API is used to mute or unmute all remote users.

public abstract void muteAllRemoteAudio(boolean mute);

The parameters are as detailed below:

Parameter Type Description

mute boolean true : mute; false : unmute
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Background Music and Audio Effect APIs

getAudioEffectManager

This APl is used to get the background music and audio effect management object
TXAudioEffectManager.

public abstract TXAudioEffectManager getAudioEffectManager();

Beauty Filter APIs

getBeautyManager

This APl is used to get the beauty filter management object TXBeautyManager.

public abstract TXBeautyManager getBeautyManager();

You can do the following using TXBeautyManager :

» Set the beauty filter style and apply effects including skin brightening, rosy skin, eye enlarging,
face slimming, chin slimming, chin lengthening/shortening, face shortening, nose narrowing, eye
brightening, teeth whitening, eye bag removal, wrinkle removal, and smile line removal.

» Adjust the hairline, eye spacing, eye corners, lip shape, nose wings, nose position, lip thickness,
and face shape.

» Apply animated effects such as face widgets (materials).

« Add makeup effects.

» Recognize gestures.

Message Sending APIs

sendRoomTextMsg

This APl is used to broadcast a text message in a room, which is generally used for on-screen

comments.

public abstract void sendRoomTextMsg(String message, TRTCLiveRoomCallback.ActionCallback callbac
k);

The parameters are as detailed below:
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Parameter Type Description
message String Text message
callback ActionCallback Callback for message sending

sendRoomCustomMsg

This APl is used to send a custom text message.

public abstract void sendRoomCustomMsg(String cmd, String message, TRTCLiveRoomCallback.ActionCal
lback callback);

The parameters are as detailed below:

Parameter  Type Description

Custom command word used to distinguish between different

cmd String
message types
message String Text message
callback ActionCallback Callback for message sending

Debugging APIs

showVideoDebuglLog

This APl is used to specify whether to display debugging information on the Ul.

public abstract void showVideoDebugLog(boolean isShow);

The parameters are as detailed below:

Parameter Type Description

isShow boolean Show/Hide debugging information

TRTCLiveRoomDe legate Event Callback APIs

Common Event Callback APIs
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onError

Callback for error.

Note :

Tencent Real-Time Communication

This callback indicates that the SDK encountered an unrecoverable error. Such errors must be

listened for, and Ul reminders should be sent to users if necessary.

void onError(int code, String message);

The parameters are as detailed below:

Parameter Type
code int
message String

onWarning

Callback for warning.

void onlWarning(int code, String message);

The parameters are as detailed below:

Parameter Type

code int

message String
onDebuglLog

Callback for log.

void onDebuglLog(String message);

The parameters are as detailed below:

Parameter Type
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Error code

Error message

Description
Error code

Warning message
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Parameter Type Description

message String Log information

Room Event Callback APIs

onRoomDestroy

Callback for room termination. All users in a room will receive this callback after the anchor leaves

the room.

void onRoomDestroy(String roomld);

The parameters are as detailed below:

Parameter Type Description
roomld String Room ID
onRoominfoChange

Callback for change of room information. This callback is usually used to notify users of room status

change in co-anchoring and anchor competition scenarios.

void onRoomInfoChange(TRTCLiveRoomDef. TRTCLiveRoomInfo roomInfo);

The parameters are as detailed below:

Parameter Type Description

roomIinfo TRTCLiveRoomInfo Room information

Callback APIs for Entry/Exit of Anchors/Audience

onAnchorEnter

Callback for a new anchor/co-anchoring viewer. Audience will receive this callback when there is a
new anchor/co-anchoring viewer in the room and can call startPlay() of TRTCLiveRoom to play the

video of the anchor/co-anchoring viewer.

void onAnchorEnter(String userId);
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The parameters are as detailed below:

Parameter Type Description
userld String User ID of the new anchor/co-anchoring viewer
onAnchorExit

Callback for the quitting of an anchor. The anchors (including co-anchoring viewers) in a room will
receive this callback after an anchor/co-anchoring viewer quits competition/co-anchoring and can

call stopPlay() of TRTCLiveRoom to stop playing the video of the anchor/co-anchoring viewer.

void onAnchorExit(String userlId);

The parameters are as detailed below:

Parameter Type Description
userld String ID of the user who quit
onAudienceEnter

Callback for room entry by a viewer.

void onAudienceEnter (TRTCLiveRoomDef. TRTCLiveUserInfo userInfo);

The parameters are as detailed below:

Parameter Type Description
userinfo TRTCLiveUserInfo Information of the viewer who entered the room
onAudienceExit

Callback for room exit by a viewer.

void onAudienceExit(TRTCLiveRoomDef. TRTCLiveUserInfo userInfo);

The parameters are as detailed below:

Parameter Type Description

userinfo TRTCLiveUserinfo Information of the viewer who left the room
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Callback APIs for Anchor-Audience Co-anchoring Events

onRequestjoinAnchor

Callback for receiving a co-anchoring request from a viewer.

void onRequestJoinAnchor(TRTCLiveRoomDef. TRTCLiveUserInfo userInfo, String reason, int timeQut);

The parameters are as detailed below:

Parameter  Type Description
userinfo TRTCLiveUserInfo Information of the viewer who requested co-anchoring
reason String Reason for co-anchoring

Timeout period for response from the anchor. If the anchor
timeout int does not respond to the request within the period, it will be
discarded automatically.

onKickoutjoinAnchor

Callback for being removed from co-anchoring. A co-anchoring viewer needs to call stopPublish()

of TRTCLiveRoom to quit co-anchoring after receiving this callback.

void onKickoutJoinAnchor();

Callback APIs for Anchor Competition Events

onRequestRoomPK

Callback for receiving a cross-room competition request. If an anchor accepts the request, he or she
should wait for the onAnchorEnter() callback of TRTCLiveRoomDelegate and call startPlay() to play

the other anchor’s video.

void onRequestRoomPK(TRTCLiveRoomDef. TRTCLiveUserInfo userInfo, int timeout);

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description
Information of the anchor who r t ross-room
userinfo TRTCLiveUserlnfo © a. |.0 of the anchor who requested cross-roo
competition
timeout int Timeout period for response from the anchor
onQuitRoomPK

Callback for ending cross-room competition.

void onQuitRoomPK();

Message Event Callback APIs

onRecvRoomTextMsg

Callback for receiving a text message.

void onRecvRoomTextMsg(String message, TRTCLiveRoomDef.TRTCLiveUserInfo userInfo);
The parameters are as detailed below:
Parameter Type Description

message String Text message

userinfo TRTCLiveUserInfo Information of the sender

onRecvRoomCustomMsg

Callback for receiving a custom message.

void onRecvRoomCustomMsg(String cmd, String message, TRTCLiveRoomDef.TRTCLiveUserInfo userInfo);
The parameters are as detailed below:

Parameter  Type Description

Custom command word used to distinguish between different

command String message types

message String Text message
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Parameter Type Description

userinfo TRTCLiveUserInfo Information of the sender

TRTCAudioEffectManager

playBGM

This APl is used to play back background music.

void playBGM(String url, int loopTimes, int bgmVol, int micVol, TRTCCloud.BGMNotify notify);

The parameters are as detailed below:

Parameter Type Description

url String Path of the music file

loopTimes int Loop times

bgmVol int Volume of background music

micVol int Audio capturing volume

notify TRTCCloud.BGMNotify Playback notification
stopBGM

This APl is used to stop background music playback.

void stopBGM();

pauseBGM

This APl is used to pause background music playback.

void pauseBGM();

resumeBGM

This APl is used to resume background music playback.

void resumeBGM();
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setBGMVolume

This APl is used to set the playback volume of background music.

void setBGMVolume(int volume);

The parameters are as detailed below:

Parameter Type Description

volume int Volume. Value range: 0-100. Default value: 100

setBGMPosition

This APl is used to set the background music playback progress.
int setBGMPosition(int position);
The parameters are as detailed below:

Parameter Type Description

position int Playback progress of background music in milliseconds (ms)

Return code

0 : successful

setMicVolume

This API is used to set the mic volume. It can be used to control the volume of the mic when

background music is mixed.

void setMicVolume(int volume);

The parameters are as detailed below:

Parameter Type Description
volume Int Volume. Value range: 0-100. Default value: 100
setReverbType

This API is used to set the reverb effect.
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void setReverbType(int reverbType);

The parameters are as detailed below:

Parameter Type Description

Reverb effect. For details, please see the definitions of

reverbType int .
TRTC REVERB TYPE in TRTCCloudDef .

setVoiceChangerType

This APl is used to set the voice changing effect.

void setVoiceChangerType(int type);

The parameters are as detailed below:

Parameter Type Description

Voice changing effect. For details, please see the definitions of

type int i
TRTC _VOICE_CHANGER TYPE in TRTCCloudDef .

playAudioEffect

This APl is used to play an audio effect. For each audio effect, you need to assign an ID, which is
used to start and stop the playback of an audio effect as well as set its playback volume. Supported
formats include AAC, MP3, and M4A.

void playAudioEffect(int effectId, String path, int count, boolean publish, int volume);

The parameters are as detailed below:

Parameter Type Description

effectld int Audio effect ID

path String Audio effect path

count int Loop times

oublish boolean Whether to push the audio effect. true : push the effect to remote

users; false : preview the effect locally only

volume int Volume. Value range: 0-100. Default value: 100
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pauseAudioEffect

This APl is used to pause playing an audio effect.

void pauseAudioEffect(int effectId);

The parameters are as detailed below:

Parameter Type
effectld int
resumeAudioEffect

This APl is used to resume playing an audio effect.

void resumeAudioEffect(int effectld);

The parameters are as detailed below:

Parameter Type
effectld int
stopAudioEffect

This APl is used to stop playing an audio effect.

void stopAudioEffect(int effectlId);

The parameters are as detailed below:

Parameter Type
effectld int
stopAllAudioEffects

This APl is used to stop playing all audio effects.

void stopAllAudioEffects();

setAudioEffectVolume

This API is used to set the volume of an audio effect.
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Description

Audio effect ID

Description

Audio effect ID

Description

Audio effect ID
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void setAudioEffectVolume(int effectId, int volume);

The parameters are as detailed below:

Parameter Type Description
effectld int Audio effect ID
volume int Volume. Value range: 0-100. Default value:

setAllAudioEffectsVolume

This API is used to set the volume of all audio effects.

void setAllAudioEffectsVolume(int volume);

The parameters are as detailed below:

Parameter Type Description

volume int Volume. Value range: 0-100. Default value:

©2013-2019 Tencent Cloud. All rights reserved.

100

100

Page 282 of 777



@Tencent Cloud Tencent Real-Time Communication

TRTCLiveRoom APIs (Flutter)

Last updated : 2022-02-11 16:17:52

TRTCLiveRoom is based on Tencent Real-Time Communication (TRTC) and Instant Messaging (IM). Its

features include:

A user can create a room and start live streaming, or enter a room as audience.

The anchor and audience in a room can co-anchor with each other.

Anchors in two rooms can compete and interact with each other.

All users can send text and custom messages. Custom messages can be used to send on-screen
comments, give likes, and send gifts.

TRTCLiveRoom is an open-source class depending on two closed-source Tencent Cloud SDKs. For the

specific implementation process, please see Interactive Live Video Streaming (Flutter).

o TRTC SDK: the TRTC SDK is used as the low-latency live streaming component.
o IM SDK: the AVChatRoom feature of the IM SDK is used to implement chat rooms, and IM messages

are used to facilitate the co-anchoring process between anchors.

TRTCLiveRoom API Overview

Basic SDK APIs

API Description
sharedlnstance Gets a singleton object.
destroySharedlnstance Terminates a singleton object.
registerListener Registers an event listener.
unRegisterListener Removes an event listener.
login Logs in.
logout Logs out.
setSelfProfile Sets profile.

Room APIs
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API
createRoom

destroyRoom
enterRoom
exitRoom

getRoomlinfos

getAnchorList

getRoomMemberList

Tencent Real-Time Communication

Description

Creates a room (called by anchor). If the room does not exist, the
system will automatically create a room.

Closes a room (called by anchor).
Enters a room (called by audience).
Exits a room (called by audience).
Gets room list details.

Gets the anchor and co-anchors in a room. This APl works only if it is
called after enterRoom() .

Gets the list of all users in a room. This API works only if it is called after
enterRoom() .

Stream pushing/pulling APIs

API
startCameraPreview
stopCameraPreview
startPublish

stopPublish

startPlay

stopPlay

Description

Enables preview of local video.

Stops local video capturing and preview.
Starts live streaming (pushing streams).
Stops live streaming (pushing streams).

Plays a remote video. This API can be called in common playback and
co-anchoring scenarios.

Stops rendering a remote video.

APIs for co-anchoring between anchors and audience

API
requestjoinAnchor
responsejoinAnchor

kickoutjoinAnchor

Description
Requests co-anchoring (called by audience).
Responds to a co-anchoring request (called by anchor).

Removes a user from co-anchoring (called by anchor).
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APIs for cross-room anchor competition

API Description

requestRoomPK Requests cross-room competition (called by anchor).
responseRoomPK Responds to a cross-room competition request (called by anchor).
quitRoomPK Quits cross-room competition.

Audio/Video APIs

API Description

switchCamera Switches between the front and rear cameras.
setMirror Sets the mirror mode.

mutelLocalAudio Mutes/Unmutes the local user.
muteRemoteAudio Mutes/Unmutes a remote user.
muteAllRemoteAudio Mutes/Unmutes all remote users.

Background music and audio effect APIs
API Description

Gets the background music and audio effect management object

getAudioEffectManager ,
TXAudioEffectManager.

Beauty filter APIs
API Description

getBeautyManager Gets the beauty filter management object TXBeautyManager.

Message sending APIs
API Description

Broadcasts a text message in a room. This API is generally used for on-

sendRoomTextMsg
screen comments.

sendRoomCustomMsg Sends a custom text message.
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TRTCLiveRoomDelegate API Overview

Common event callback APIs

API Description

onError Error

onWarning Warning

onKickedOffline You were kicked offline because another user logged in to the account.

Room event callback APIs
API Description
onEnterRoom You entered the room.

Whether a remote user has playable video in the primary stream

onUserVideoAvailable ]
(usually used for camera images)

onRoomDestroy The room was closed.

Callback APIs for anchors and audience

API Description

onAnchorEnter An anchor entered the room.
onAnchorExit An anchor left the room.
onAudienceEnter A viewer entered the room.
onAudienceExit A viewer left the room.

Callback APIs for co-anchoring between anchors and audience

API Description

onRequestjoinAnchor A co-anchoring request was received.
onAnchorAccepted The co-anchoring request was accepted.
onAnchorRejected The co-anchoring request was rejected.

©2013-2019 Tencent Cloud. All rights reserved. Page 286 of 777



@Tencent Cloud Tencent Real-Time Communication

API Description

onKickoutjoinAnchor A user was removed from co-anchoring.

Anchor competition callback APIs

API Description

onRequestRoomPK A cross-room competition request was received.
onRoomPKAccepted The cross-room competition request was accepted.
onRoomPKRejected The cross-room competition request was rejected.
onQuitRoomPK The cross-room competition ended.

Message event callback APIs

API Description
onRecvRoomTextMsg Receipt of a text message
onRecvRoomCustomMsg Receipt of a custom message

Basic SDK APIs

sharedinstance

This APl is used to get a TRTCLiveRoom singleton object.

static Future<TRTCLiveRoom> sharedInstance()

destroySharedinstance

This APl is used to terminate a TRTCLiveRoom singleton object.

Note :
After the instance is terminated, the externally cached TRTCLiveRoom instance can no longer

be used. You need to call sharedinstance again to get a new instance.
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static void destroySharedInstance()

registerListener

Tencent Real-Time Communication

This APl is used to get the event callback of TRTCLiveRoom. You can use TRTCLiveRoomDelegate to get

various status notifications of TRTCLiveRoom.

void registerListener(VoiceListenerFunc func);

Note :

registerListener is the delegate callback of TRTCLiveRoom

unRegisterListener

This API is used to remove the event listener.

void unRegisterListener(VoiceListenerFunc func);

login

This APl is used to log in.

Future<ActionCal Lback> login(

int sdkAppId, String userId, String userSig, TRTCLiveRoomConfig config);

The parameters are as detailed below:

Parameter Type

sdkAppld int

userld String

userSig String

Description

You can view the SDKAppID via Application
Management > Application Info in the TRTC console.

ID of the current user, which is a string that can contain
only letters (a-z and A-Z), digits (0-9), hyphens (-), and
underscores ().

Tencent Cloud's proprietary security signature. For how to
obtain it, please see UserSig.
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Parameter Type

config TRTCLiveRoomConfig
logout

This APl is used to log out.

Future<ActionCal lback> logout();

setSelfProfile

This APl is used to set profile.

Tencent Real-Time Communication

Description

Global configuration information, which needs to be
initialized during login and cannot be modified
afterwards.

useCDNFirst : specifies the way audience watch live
streams. true means watching over CDNs, which is
cost-efficient but has high latency. false means
watching under the low latency mode, the cost of
which is between that of CDN live streaming and co-
anchoring, but the latency is lower than 1 second.

CDNP layDomain : specifies the domain name for CDN
live streaming. It takes effect only if useCDNFirst is set
to true . You can set it in Domain Management of
the CSS console.

Future<ActionCallback> setSelfProfile(String userName, String avatarURL);

The parameters are as detailed below:

Parameter Type
userName String
avatarURL String

Room APIs

createRoom

Description
Nickname

Profile photo address

This APl is used to create a room (called by anchor).

Future<ActionCal lback> createRoom(int roomId, TRTCCreateRoomParam roomParam);
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The parameters are as detailed below:

Parameter Type Description

Room ID. You need to assign and manage the IDs in a centralized
manner. Multiple roomld values can be aggregated into a live
room list. Currently, Tencent Cloud does not provide list
management services. Please manage the list on your own.

roomld int

Room information, such as room name and cover information. If
roomParam RoomParam both the room list and room information are managed on your
server, you can ignore this parameter.

The process of creating a room and starting live streaming as an anchor is as follows:

1. A user calls startCameraPreview() to enable camera preview and set beauty filters.
2. The user calls createRoom() to create a room, the result of which is returned via the
ActionCal lback callback.

3. The user calls starPublish() to push streams.

destroyRoom

This APl is used to close a room (called by anchor).

Future<ActionCal lback> destroyRoom();

enterRoom

This APl is used to enter a room (called by audience).
Future<ActionCallback> enterRoom(int roomld);
The parameters are as detailed below:

Parameter Type Description

roomld int Room ID

The process of entering a room and starting playback as audience is as follows:

1. A user gets the latest room list from your server. The list may contain roomId and other room
information of multiple rooms.

2. The user selects a room and calls enterRoom() to enter the room.
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3. The user calls startPlay(userId) , passing in the anchor's userld to start playback.
o If the room list contains the anchor's userId , the user can call startPlay(userId) to start
playback.
o If the user does not have the anchor's userld before room entry, he or she can find it in the
onAnchorEnter (userId) callback of TRTCLiveRoomDelegate , which is returned after room entry.
The user can then call startPlay(userId) to start playback.

exitRoom

This API is used to leave a room.

Future<ActionCallback> exitRoom();

getRoominfos

This APl is used to get room list details, which are set by anchors via roomInfo when they call

createRoom() .

Note :

You don't need this API if both the room list and room information are managed on your server.

Future<RoomInfoCal Lback> getRoomInfos(List<{String> roomIdList);

The parameters are as detailed below:

Parameter Type Description
roomldList List<String> Room ID list
getAnchorList

This APl is used to get the anchor and co-anchors in a room. It takes effect only if it is called after

enterRoom() .

Future<dUserListCallback> getAnchorList();
getRoomMemberList

This APl is used to get the information of all audience in the room. It takes effect only if it is called
after enterRoom() .
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Future<UserListCal lback> getRoomMemberList(int nextSeq)

The parameters are as detailed below:

Parameter Type Description

Pulling-by-page flag. It is set to 0 when the information is pulled for the
first time. If the callback succeeds and nextSeq is not O, pagination is
needed. The value of this field is passed in for the next pull until the value
becomes 0.

nextSeq int

Stream Pushing/Pulling APIs

startCameraPreview

This APl is used to enable local video preview.

Future<void> startCameraPreview(bool isFrontCamera, int viewId);

The parameters are as detailed below:

Parameter Type Description
isFrontCamera bool true : turns the front camera on; false : turns the rear camera on.
viewld int Called back video view ID

stopCameraPreview

This APl is used to stop local video capturing and preview.

Future<void> stopCameraPreview();

startPublish

This APl is used to start live streaming (pushing streams), which can be called in the following

scenarios:

« An anchor starts live streaming.

« A viewer starts co-anchoring.

Future<void> startPublish(String streamld);
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The parameters are as detailed below:

Parameter Type Description

The streamld used to bind live streaming CDNs. You need to specify
streamld String? the streamId of the anchor if you want audience to play the anchor's
streams via live streaming CDNs.

stopPublish

This APl is used to stop live streaming (pushing streams), which can be called in the following

scenarios:

» An anchor ends live streaming.

» A viewer ends co-anchoring.

Future<void> stopPublish();

startPlay

This APl is used to play a remote video. It can be called in common playback and co-anchoring

scenarios.

Future<void> startPlay(String userId, int viewId);

The parameters are as detailed below:

Parameter Type Description
userld String ID of the user whose video is to be played
viewld int Called back video view ID

« Common playback:

o If the room list contains the anchor's userId , audience can call startPlay(userId) to play the
anchor's video after enterRoom() .
o If audience do not have the anchor's userId before room entry, they can find it in the
onAnchorEnter (userId) callback of TRTCLiveRoomDelegate , which is returned after room entry.

They can then call startPlay(userId) to play the anchor's video.
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« Co-anchoring:
After co-anchoring is initiated, the anchor will receive the onAnchorEnter(userId) callback from
TRTCLiveRoomDe legate and can call startPlay(userId), passing in the userld’ returned by the

callback to play co-anchoring video.

stopPlay

This API is used to stop rendering remote video. It needs to be called when the onAnchorExit()
callback is received.

Future<void> stopPlay(String userlId);

The parameters are as detailed below:

Parameter Type Description

userld String ID of the remote user

APIs for Co-anchoring Between Anchor and Audience

requestjoinAnchor

This APl is used by audience to send a co-anchoring request.

Future<ActionCallback> requestJoinAnchor();

The process of co-anchoring between anchor and audience is as follows:

. A viewer calls requestJoinAnchor() to send a co-anchoring request to the anchor.

. The anchor receives the onRequestJoinAnchor() callback of TRTCLiveRoomDelegate .

. The anchor calls responseJoinAnchor() to accept or reject the co-anchoring request.

. The viewer receives the responseCallback callback, which carries the anchor's response.

. If the request is accepted, the viewer calls startCameraPreview() to enable local camera preview.

. The viewer calls startPublish() to push streams.

N o o A WN

. After the viewer starts pushing streams, the anchor receives the onAnchorEnter() callback of
TRTCLiveRoomDe legate .

8. The anchor calls startPlay() to play the co-anchoring viewer's video.

9. If there are other viewers co-anchoring with the anchor in the room, the new co-anchoring viewer

will receive the onAnchorEnter() callback and can call startPlay() to play other co-anchoring

viewers' video.
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responsejoinAnchor

This APl is used by anchors to respond to a co-anchoring request after receiving the

onRequestJoinAnchor () callback of TRTCLiveRoomDelegate .

Future<{ActionCallback> responsedoinAnchor(String userId, boolean agreee);

The parameters are as detailed below:

Parameter Type Description

userld String User ID of the viewer

agree bool true : accepts; false : rejects.
kickoutjJoinAnchor

This APl is used by anchors to remove a user from co-anchoring. After this API is called, the removed

user will receive the onKickoutJoinAnchor() callback of TRTCLiveRoomDelegate .

Future<ActionCal lback> kickoutJoinAnchor(String userlId);

The parameters are as detailed below:

Parameter Type Description

userld String ID of the co-anchoring user

APIs for Cross-Room Anchor Competition

requestRoomPK

This APl is used by anchors to request cross-room competition.

Future<ActionCal lback> requestRoomPK(int roomId, String userlId);

The parameters are as detailed below:

Parameter Type Description
roomld int Room ID of the anchor to call
userld String User ID of the anchor to call

©2013-2019 Tencent Cloud. All rights reserved. Page 295 of 777



@Tencent Cloud Tencent Real-Time Communication

Two anchors in different rooms can compete with each other. The process is as follows:

1. Anchor A calls requestRoomPK() to send a co-anchoring request to anchor B.

2. Anchor B receives the onRequestRoomPK() callback of TRTCLiveRoomDelegate .

3. Anchor B calls responseRoomPK() to respond to the competition request.

4. After accepting the request, anchor B waits for the onAnchorEnter() callback of
TRTCLiveRoomDe legate and calls startPlay() to play anchor A's video.

5. Anchor A receives the onRoomPKAccepted or onRoomPKRejected callback.

6. If the request is accepted, anchor A waits for the onAnchorEnter() callback of

TRTCLiveRoomDelegate and calls startPlay() to play anchor B's video.

responseRoomPK

This APl is used by anchors to respond to a cross-room competition request, after which the request
sending anchor will receive the responseCallback callback, which carries the response passed in to

requestRoomPK .

Future<{ActionCallback> responseRoomPK(String userId, boolean agree);

The parameters are as detailed below:

Parameter Type Description
userld String User ID of the anchor sending the competition request
agree bool true : accepts; false : rejects.

quitRoomPK

This APl is used to quit cross-room competition. If either anchor quits cross-room competition, the
other anchor will receive the onQuitRoomPk() callback of TRTCLiveRoomDelegate .

Future<ActionCal lback> quitRoomPK();

Audio/Video APIs

switchCamera

This API is used to switch between the front and rear cameras.

Future<void> switchCamera(boolean isFrontCamera);
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setMirror
This APl is used to set the mirror mode.

Future<void> setMirror(boolean isMirror);

The parameters are as detailed below:

Parameter Type Description
isMirror bool Enables/Disables mirroring.
mutelLocalAudio

This API is used to mute or unmute the local user.

Future<void> muteLocalAudio(boolean mute);

The parameters are as detailed below:

Parameter Type Description
mute boolean true : mute; false : unmute
muteRemoteAudio

This API is used to enable the hands-free mode.

Future<void> muteRemoteAudio(String userId, boolean mute);

The parameters are as detailed below:

Parameter Type Description

userld String ID of the remote user

mute boolean true : mute; false : unmute
muteAllRemoteAudio

This API is used to mute or unmute all remote users.

Future<void> muteAllRemoteAudio(boolean mute);

The parameters are as detailed below:
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Parameter Type Description

mute boolean true : mute; false : unmute

Background Music and Audio Effect APIs

getAudioEffectManager

This APl is used to get the background music and audio effect management object
TXAudioEffectManager.

getAudioEffectManager () ;

Beauty Filter APIs

getBeautyManager

This APl is used to get the beauty filter management object TXBeautyManager.

getBeautyManager () ;

You can do the following using TXBeautyManager :

» Set the beauty filter style and apply effects including skin brightening, rosy skin, eye enlarging,
face slimming, chin slimming, chin lengthening/shortening, face shortening, nose narrowing, eye
brightening, teeth whitening, eye bag removal, wrinkle removal, and smile line removal.

« Adjust the hairline, eye spacing, eye corners, lip shape, nose wings, nose position, lip thickness,
and face shape.

» Apply animated effects such as face widgets (materials).

» Add makeup effects.

« Recognize gestures.

Message Sending APIs

sendRoomTextMsg

This APl is used to broadcast a text message in a room, which is generally used for on-screen

comments.
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Future<ActionCal lback> sendRoomTextMsg(String message);

The parameters are as detailed below:

Parameter Type Description

message String Text message

sendRoomCustomMsg

This APl is used to send a custom text message.

Future<ActionCal lback> sendRoomCustomMsg(String cmd, String message);

The parameters are as detailed below:

Parameter Type Description

Custom command word used to distinguish between different message

cmd String
types

message String ~ Text message

TRTCLiveRoomDe legate Event Callback APIs

Common Event Callback APIs

onError

Callback for error.

Note :
This callback indicates that the SDK encountered an unrecoverable error. Such errors must be

listened for, and Ul reminders should be sent to users if necessary.

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description
errCode int Error code
errMsg String Error message

onWarning

Callback for warning.

The parameters are as detailed below:

Parameter Type Description

warningCode int Warning code

warningMsg String Warning message
onKickedOffline

Callback for being kicked offline because another user logged in to the same account.

Room Event Callback APIs

onRoomDestroy

Callback for room closing. All users in the room will receive this callback after the anchor leaves the

room.
onEnterRoom

Callback for room entry by the local user.

The parameters are as detailed below:

Parameter  Type Description

If result is greater than 0, it indicates the time (ms) room entry took; if

result int , ,
result is less than O, it represents the error code for room entry.

onUserVideoAvailable

Callback for whether a remote user has playable video in the primary stream (usually used for

camera images).
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The parameters are as detailed below:

Parameter Type Description
userld String User ID
available boolean Whether the user's video is enabled

Callback APIs for Anchors and Audience

onAnchorEnter

Callback for a new anchor/co-anchoring viewer. Audience will receive this callback when there is a
new anchor/co-anchoring viewer in the room and can call startPlay() of TRTCLiveRoom to play the

video of the anchor/co-anchoring viewer.

The parameters are as detailed below:

Parameter Type Description
userld String User ID of the new anchor/co-anchoring viewer
userName String Username
userAvatar String Profile photo address
onAnchorExit

Callback for the quitting of a competing anchor/co-anchoring viewer. The anchor and co-anchoring
viewers in a room will receive this callback after a competing anchor/co-anchoring viewer quits co-
anchoring and can call stopPlay() of TRTCLiveRoom to stop playing the video of the competing

anchor/co-anchoring viewer.

The parameters are as detailed below:

Parameter Type Description

userld String ID of the user who quitted co-anchoring

userName String Username

userAvatar String Profile photo address
onAudienceEnter
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Callback for room entry by a viewer.

void onAudienceEnter (TRTCLiveRoomDef. TRTCLiveUserInfo userInfo);

The parameters are as detailed below:

Parameter  Type Description

Information of the viewer who enters the
userinfo TRTCLiveRoomDef. TRTCLiveUserIinfo room, such as user ID, nickname, and
profile photo.

onAudienceExit

Callback for room exit by a viewer.

The parameters are as detailed below:

Parameter Type Description

userld String User ID of the viewer
userName String Username
userAvatar String Profile photo address

onRequestjoinAnchor

Callback for receiving a co-anchoring request from a viewer.

The parameters are as detailed below:

Parameter Type Description

userld String ID of the request sending user

userName String Username

userAvatar String Profile photo address
onAnchorAccepted

Callback for accepting a co-anchoring request.

The parameters are as detailed below:
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Parameter Type
userld String
onAnchorRejected

Callback for rejecting a co-anchoring request.

The parameters are as detailed below:

Parameter Type

userld String

onKickoutjoinAnchor

Tencent Real-Time Communication

Description

User ID of the anchor

Description

User ID of the anchor

Callback for being removed from co-anchoring. A co-anchoring viewer needs to call stopPublish()

of TRTCLiveRoom to quit co-anchoring after receiving this callback.

Anchor Competition Callback APIs

onRequestRoomPK

Callback for receiving a cross-room competition request. If an anchor accepts the request after

receiving this callback, he or she should wait for the onAnchorEnter() callback of

TRTCLiveRoomDe legate and call startPlay() to play the other anchor's video.

The parameters are as detailed below:

Parameter Type Description

userld String User ID of the request sending anchor

userName String Username

userAvatar String Profile photo address
onRoomPKAccepted

Callback for accepting a cross-room competition request.

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description
userld String User ID of the anchor who accepted the request
onRoomPKRejected

Callback for rejecting a cross-room competition request.

The parameters are as detailed below:

Parameter Type Description
userld String User ID of the anchor who rejected the request
onQuitRoomPK

Callback for ending cross-room competition.

Message Event Callback APIs

onRecvRoomTextMsg

A text message was received.
The parameters are as detailed below:
Parameter Type Description

message String Text message

onRecvRoomCustomMsg

A custom message was received.

The parameters are as detailed below:

Parameter Type Description

Custom command word used to distinguish between different message

command String
types

message String =~ Text message
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Audio Chat Room
Audio Chat Room (i10S)

Last updated : 2022-03-18 22:58:12

Demo Ul

You can download and install the app we provide to try out TRTC's audio chat room features,

including seat management, low-latency audio interaction, text chat, etc.

To quickly implement the audio chat room feature, you can modify the app we provide and adapt it

to your needs. You can also use the TUIVoiceRoom component and customize your own Ul.

Using the App’s Ul

Step 1. Create an application

1. Log in to the TRTC console and select Development Assistance > Demo Quick Run.
2. Enter an application name such as TestVoiceRoom and click Create.
3. Click Next.
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° Create Application ? o Download Source

Code

@ Download SDK and Auxiliary Demo Source Code

Platform Operation

i0s Download at GitHub
Android Download at GitHub
Web Download at GitHub
MacOS Download at GitHub
Electron Download at GitHub
Windows Download at GitHub
Flutter Download at GitHub

Note :

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download at Gitee

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Download Zip

Tencent Real-Time Communication

The voice chat room feature uses two basic PaaS services of Tencent Cloud, namely TRTC and

IM. When you activate TRTC, IM will be activated automatically. IM is a value-added service.

See Value-added Service Pricing for its billing details.

Step 2. Download the application source code

Clone or download the TUIVoiceRoom source code.

Step 3. Configure application project files

1. In the Modify Configuration step, select your platform.

2. Find and open TUIVoiceRoom/Debug/GenerateTestUserSig. swift .

3. Set the following parameters in GenerateTestUserSig. swift :

o SDKAPPID: "0 by default. Set it to the actual "SDKAppID".
o SECRETKEY: left empty by default. Set it to the actual key.
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A Download Source Medify
° Create Application Code Configuration

Paste SDKAPPID and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemo/debug/src/main/fjava/com/tencent/liteav/de

bug/GenerateTestUserSig java File

S peci'ﬁ ed LO catio n Android 10S&mac0s Windows(C++) Windows(C#) Weh Mini Program Electron

public class GenerateTestUserSig {

SDKARPID  Copy

private static fimal ine|SDEAPPID = 0;

Secret Key Copy

private static final int EXFIRETIME = 604800

private static fimal String| SECRETKE

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

» The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and

reversed, and if your key is disclosed, attackers can steal your Tencent Cloud traffic.
Therefore, this method is suitable only for the local execution and debugging of
the app.

« The correct UserSig distribution method is to integrate the calculation code of UserSig
into your server and provide an application-oriented APl. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the application

Open TUIVoiceRoom/TUIVoiceRoomApp. xcworkspace with Xcode (11.0 or above) and click the run button.

Step 5. Modify the app’s source code
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The Source folder in the source code contains two subfolders: ui and model . The ui subfolder
contains Ul code and Ul-related logic. The table below lists the Swift files (folders) and the Ul views

they represent. You can refer to it when making Ul changes.

File or Folder Description

The initialization method for all view controllers. You can
TRTCVoiceRoomEnteryControl.swift use the instance to quickly get a ViewController
object.

TRTCCreateVoiceRoomViewController Logic for the room creation view

Logic for the main room views for room owners and
listeners

TRTCVoiceRoomViewController

Each TRTC XXXX’ ViewController folder contains ViewController , RootView , and ViewModel , whose

use is described below.

File Description

Page controller, which is responsible for routing pages and binding
RootView and ViewModel

ViewController.swift

RootView.swift Layout of all views

View controller, which is responsible for responding to users’ interactions

ViewModel.swift . i )
with views and returning response status

Tryout

Note :

You need at least two devices to try out the application.

User A

1. Enter a username (which must be unique) and log in.
2. Click Create Room.

3. Type a subject for the conference and tap Let’s go.

User B
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1. Enter a username (which must be unique) and log in.

2. Enter the ID of the room created by user A and tap Join.

Note :

You can find the room ID at the top of user A’s room view.

Customizing Ul

The Source folder in the source code contains two subfolders: ui and model . The model
subfolder contains the reusable open-source component TRTCVoiceRoom . You can find the

component's APIs in TRTCVoiceRoom.h and use them to customize your own Ul.

- Open-source component based on
TRTCVoiceRoom IM SDK and TRTC SDK

TRTC component for real-time
audio/video communication

IM component for mic seat
management and text chat

Step 1. Integrate the SDK

The audio chat room component TRTCVoiceRoom depends on the TRTC SDK and IM SDK. Follow the

steps below to integrate the two SDKs into your project.

« Method 1: adding dependencies via CocoaPods

pod ' TXIMSDK_i0S’
pod ’ TXLiteAVSDK_TRTC’

« Method 2: adding dependencies through local files
If your access to the CocoaPods repository is slow, you can download the ZIP files of the SDKs and

manually integrate them into your project as instructed in the documents below.

SDK Download Page Integration Guide
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TRTC SDK Download Integration document

IM SDK Download Integration document

Step 2. Configure permission requests

Configure the mic permission request by adding Privacy > Microphone Usage Description in
info.plist .

Step 3. Import the TUIVoiceRoom component

Import the component using CocoaPods. See below for detailed directions.

1. Copy the Source , Resources , and TXAppBasic folders and the TUIVoiceRoom.podspec file to your
project directory.
2. Add the following dependencies to your Podfile and run pod install to complete the import.

pod ' TXAppBasic’, :path =&gt; "TXAppBasic/”
pod ' TXLiteAVSDK TRTC’
pod ' TUIVoiceRoom', :path =&gt; ”./”, :subspecs =&gt; ["TRTC”]

Step 4. Create an instance and log in

1. Call the sharedInstance class method of TRTCVoiceRoom to create an instance that complies with
TRTCVoiceRoom 's protocol, or call the shared class method to get a TRTCVoiceRoomImp instance.
There is no difference between the two methods with respect to API usage.
2. Call the setDelegate function to register event callbacks of the component.

3. Call the login API to log in to the component, and set the key parameters as described below.

Parameter Description
SDKAppID You can view "SDKAppID" in the TRTC console.

ID of the current user, which is a string that can contain letters (a-z and A-Z),
userld digits (0-9), hyphens (-), and underscores (_). We recommend you set it based
on your business account system.

userSig Tencent Cloud's proprietary security signature. To obtain one, see UserSig.

callback Login callback. The code is "0 if login is successful.

// Swift example
// The class responsible for business logic in your code
class YourController {
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// Calculate attributes to get a singleton object.
var voiceRoom: TRTCVoiceRoomImp {

return TRTCVoiceRoomImp. shared()

}

// Other code logic

// Set a “voiceroom’ delegate
self.vocieRoom. setDelegate(delegate: voiceRoomDelegate)

// Below is the calling method. We recommend that you use “weak self  in the closure to preven
t circular references. The weak self part is not included in the sample code below,

self. vocieRoom. login(sdkAppId: sdkAppID, userId: userId, userSig: userSig) { [weak self] (cod
e, message) in

guard let “self = self else { return }

// Your callback business logic

}

Step 5. Create a room and become a speaker

1. After performing step 4 to log in, call setSelfProfile to set your nickname and profile photo.

2. A user calls createRoom to create an audio chat room, passing in room attributes (e.g. room ID,
whether listeners require room owner’s consent to speak, number of seats).

3. After creating the room, the user calls enterSeat to become a speaker.

4. You will receive an onSeatListChanget notification about the change of the seat list, and can
update the change to the Ul.

5. You will also receive an onAnchorEnterSeat notification about the occupation of a seat, and mic

capturing will be enabled automatically.
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Your business code B‘ Tencent Cloud terminal b‘ Tencent Cloud backend j Tencent Cloud backend b‘
component
s e
Anchor TRTCVoiceRoom ’ TRTC network W IM network ’
A

login
: login request
_________________________________ .____loginresponse
login result : 1
R CLEEEEEEEEE : 5 :
setSelfProfile . update self info request , 1
update self info response D
PR setSelfProfile result [ mmmm e e R EE LR R R e ;
createRoom - create room request 1
create room response
e m m e e :
; create room request
callback | create room response D
M- mmmmmmm i mm e - e 2 L
enterSeat ) . : :
modify attributes request | :
elee ] «.....Modify attributes response ﬂ
onSeatListChange P S i_ I _O_rl_iﬂ_\t_‘lflp_l.l_t?‘_sg[l?p_g_e_ __________ i
onAnchorEnterSeat audio data stream ;D ;

Sample code:

// 1. Set your nickname and profile photo.

self.voiceRoom. setSelfProfile(userName: userName, avatarUrl: avatarURL) { (code, message) in
// Callback of the result

}

// 2. Create a room,

let param = VoiceRoomParam. init()

param. roomName = ”Room name”

param. needRequest = true // Whether your consent is required for listeners to speak

param. coverUrl = "Cover URL”

param. seatCount = 7 // Number of room seats. In this example, the number is 7. 6 seats are availa
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ble after you take one.
param. seatInfolList = []

for _ in 0..&Llt; param. seatCount {
let seatInfo = VoiceRoomSeatInfo. init()
param. seatInfolList. append(seatInfo)

}

self. voiceRoom. createRoom(roomID: yourRoomID, roomParam: param) { (code, message) in
guard code == 0 else { return }

// Take a seat after creating the room

self.voiceRoom. enterSeat(seatIndex: 0) { [weak self] (code, message) in

guard let “self” = self else { return }

if code == 0 {

// Seat taken successfully
} else {

// Failed to take a seat

}

}

}

// 3. After taking a seat, you receive an ‘onSeatlistChange  notification
func onSeatListChange(seatInfoList: [VoiceRoomSeatInfo]) {
// Refresh your seat list

}

// 4. You receive an “onAnchorEnterSeat™ notification

func onAnchorEnterSeat(index: Int, user: VoiceRoomUserInfo) {
// Handle the seat taking event

}

Step 6. Enter a room as a listener

1. After performing step 4 to log in, call setSelfProfile to set your nickname and profile photo.

2. Get the latest audio chat room list from the backend.

Note :
The audio chat room list in the app is for demonstration only. The logic of audio chat room
lists varies significantly. Tencent Cloud does not provide list management services for the

time being. Please manage the list by yourself.

3. Call getRoomInfolList to get short descriptions of the rooms, which are provided by the room

owner during room creation via the calling of createRoom .

©2013-2019 Tencent Cloud. All rights reserved. Page 313 of 777



@Tencent Cloud Tencent Real-Time Communication

Note :
If your audio chat room list already displays enough room information, you can skip the step

of calling getRoomInfolList .

4. The user selects a room, and calls enterRoom with the room ID passed in to enter the room.

5. After entering the room, you will receive an onRoomInfoChange notification about room change
from the component. Record the room information, including room name, whether the room
owner’s consent is required for listeners to speak, etc., and update it to the UI.

6. You will receive an onSeatListChange notification about seat change from the component. Update
the change to the Ul.

7. You will also receive an onAnchorEnterSeat notification about the occupation of a seat.

Your business code T Tencent Cloud terminal T Tencent Cloud backend T Tencent Cloud backend B‘ Your business backend T
component
Viewer TRTCVoiceRoom ’ TRTC network ’ IM network ’ Your backend

login ;
' login request H
e | loginresponse H
login result :
D R L EEE TP - '
setSelfProfile update self info request
update self info response ! [I
oo setSelfProfile result [ FommTmmmmmmsmomosseeooooeees T
1 get room id list N
- >
e e e ___igetroom idlistcalloack
enterRoom : enter room request 1
enter room response H
e = m e
[€rmmmmmmmmmmmmmmsmmmmsmmmm e 1 enter room request
callback : enter room response [l
R R R R R LR LR LR LR demmmmm ek ;
Attributesch:
onRoomInfoChange D R T RnEEt onotiributeschange ...l
onSeatListChange
«....OnAnchorEnterSeat

audio data stream
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// 1. Set your nickname and profile photo.

self.voiceRoom. setSelfProfile(userName: userName, avatarUrl: avatarURL) { (code, message) in
// Callback of the result

}

// 2. Get the room list from the backend. Suppose it is “roomlList’
let roomList: [Int] = getRoomIDList() // The function you use to get the list of room IDs

// 3. Call “getRoomInfolist™ to get details of the rooms.

self. voiceRoom. getRoomInfoList(roomIdList: roomIdsInt) { (code, message, roomInfos: [VoiceRoomInf
o]) in

// Refresh the UI after getting the result.

}

// 4. Select an audio chat room, and pass in the “roomId  to enter it
self.voiceRoom. enterRoom(roomID: roomInfo.roomID) { (code, message) in
// Callback of the room entry result

if code == 0 {
// Entered room
}

}

// b. After successful room entry, you receive an “onRoomInfoChange ™ notification.
func onRoomInfoChange(roomInfo: VoiceRoomInfo) {
// Update the room name and other information.

}

// 6. You receive an “onSeatlistChange™ notification

func onSeatListChange(seatInfoList: [VoiceRoomSeatInfo]) {
// Refresh the seat list

}

// 7. You receive an “onAnchorEnterSeat  notification
func onAnchorEnterSeat(index: Int, user: VoiceRoomUserInfo) {
// Handle the seat taking event

}

Step 7. Manage seats

« Room owner

« Listener
1. Call pickSeat , passing in a seat number and the userld of a listener to place the listener in the

seat. All users in the room will receive an onSeatListChange notification and an onAnchorEnterSeat

notification.
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2. Call kickSeat , passing in a seat number to remove the speaker from the seat. All users in the
room will receive an onSeatListChange notification and an onAnchorLeaveSeat notification.

3. Call muteSeat , passing in a seat number to mute/unmute the seat. All members in the room will
receive an onSeatListChange notification and an onSeatMute notification.

4. Call closeSeat , passing in a seat number to block/unblock the seat. Listeners cannot take a
blocked seat, and all users in the room will receive an onSeatListChange notification and an

onSeatClose notification.

. [N AN
Your business code j Tencent Cloud terminal Your business code
component
Y i B
Viewer TRTCVoiceRoom Anchor
pickSeat
D ———— ————
pickSeat callback
oo >
______ onSeatlistChange . onSeatlistChange
onAnchorEnterSeat o onAnchorEnterSeat | >
3 kickSeat
‘< _____________________________________
3 kickSeat callback
: """""""""""""""""" )
______ onSeatlistChange | onSeatlistChange
_____ onAnchorleaveSeat . onAnchorleaveSeat
€ closeSeat/muteSeat
closeSeat/muteSeat callback
______ onSeatlistChange . ... .. onSeatlistChange
_OnSeatClose/onSeatMute I onSeatClose/onSeatMute
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Step 8. Use signaling for invitations

In seat management, listeners can take and leave seats without the room owner’s consent, and the
room owner can put listeners in seats without the listeners’ consent.
If you want listeners and room owners to obtain each other’s consent before performing the above

actions in your application, you can use signaling for invitation sending.

» Listener requesting to take seat

« Room owner inviting listener to take seat

1. A listener calls sendInvitation , passing in information including the room owner’s userId and
custom command words. The API will return an inviteld , which should be recorded.

2. The room owner receives an onReceiveNewInvitation notification, and a window pops up on the Ul
asking the room owner whether to accept the request.

3. The room owner calls acceptInvitation with the inviteld passed in to accept the request.

4. The listener receives an onlnviteeAccepted notification and calls enterSeat to become a speaker.

Tencent Cloud B B
Your business code . Your business code
terminal component
r ™y F ™y
Viewer TRTCVoiceRoom Anchor

L - vy L J
sendInviation
__________________________________ >|

onReceiveNewlnvitation

onlnviteeAccepted

D LI CLET S er LR PRP LS -

enterSeat
__________________________________ )i

enterSeat callback
D S EEhChREEETETELEEESESEEEE :

onSeatListChange onSeatListChange

€ e EEREELCEEPPELD >
i OmAnchorEnterSeat i_....._onAnchorEnterSeat
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// Listener

// 1. Call sendInvitation to request to take seat 1

let inviteId = self.voiceRoom. sendInvitation(cmd: "ENTER SEAT”, userId: ownerUserId, content:
) { (code, message) in

// Callback of the result

}

// 2. Place the user in the seat after the invitation is accepted
func onInviteeAccepted(identifier: String, invitee: String) {

if identifier == selfID {

self.voiceRoom. enterSeat(seatIndex: ) { (code, message) in

// Callback of the result

}

}

}

”»I”

// Room owner

// 1. The room owner receives the request.

func onReceiveNewInvitation(identifier: String, inviter: String, cmd: String, content: String) {
if cmd == "ENTER SEAT” {

// 2. The room owner accepts the request.

self.voiceRoom. acceptInvitation(identifier: identifier, callback: nil)

}
}

Step 9. Enable text chat and on-screen comments

o Call sendRoomTextMsg to send a common text message. All users in the room will receive an
onRecvRoomTextMsg callback.
IM has its default content moderation rules. Text messages that contain restricted terms will not
be forwarded by the cloud.

// Sender: send text messages
self. voiceRoom. sendRoomTextMsg(message: message) { (code, message) in

}

// Recipient: listen for text messages
func onRecvRoomTextMsg(message: String, userInfo: VoiceRoomUserInfo) {
// Handling of the messages received

}

o Call sendRoomCustomMsg to send custom (signaling) messages. All users in the room will receive an

onRecvRoomCustomMsg callback.

Custom messages are often used to transfer custom signals, e.g., to give and broadcast likes.
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// For example, a sender can customize commands to distinguish on-screen comments and [ikes.
// For example, use “CMD DANMU” to indicate on-screen comments and “CMD LIKE” to indicate like

S.
self. vocieRoom. sendRoomCustomMsg(cmd: “CMD_DANMU” , message: “hello world”, callback: nil)
self. voiceRoom. sendRoomCustomMsg(cmd: ”"CMD LIKE”, message: ””, callback: nil)

// Receiver: listen for custom messages

func onRecvRoomCustomMsg(cmd: String, message: String, userInfo: VoiceRoomUserInfo) {
if cnd == "CMD_DANMU” {

// An on-screen comment is received,

}

if cmd == "CMD_LIKE” {

// A Like is received,

}

}
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Audio Chat Room (Android)

Last updated : 2022-03-18 22:58:50

Demo Ul

You can download and install the app we provide to try out TRTC’s audio chat room features,

including seat management, low-latency audio interaction, text chat, etc.

To quickly implement the audio chat room feature, you can modify the app we provide and adapt it

to your needs. You can also use the TRTCVoiceRoom component and customize your own Ul.

Using the App’s Ul

Step 1. Create an application

1. Log in to the TRTC console and select Development Assistance > Demo Quick Run.
2. Enter an application name such as TestVoiceRoom and click Create.
3. Click Next.
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° Create Application ? o Download Source > >
Code

@ Download SDK and Auxiliary Demo Source Code

Platform Operation

i0s Download at GitHub Download at Gitee Download Zip
Android Download at GitHub Download at Gitee Download Zip
Web Download at GitHub Download at Gitee Download Zip
MacOs Download at GitHub Download at Gitee Download Zip
Electron Download at GitHub Download at Gitee Download Zip
‘Windows Download at GitHub Download at Gitee Download Zip
Flutter Download at GitHub

Note :
This feature uses two basic PaaS services of Tencent Cloud, namely TRTC and IM. When you
activate TRTC, IM will be activated automatically. IM is a value-added service. See Pricing for its

billing details.

Step 2. Download the application source code

Clone or download the TUIVoiceRoom source code.

Step 3. Configure application project files
1. In the Modify Configuration step, select your platform.
2. Find and open Android/Debug/src/main/java/com/tencent/liteav/debug/GenerateTestUserSig. java .

3. Set parameters in GenerateTestUserSig. java :

o SDKAPPID: a placeholder by default. Set it to the actual "SDKAppID".
o SECRETKEY: a placeholder by default. Set it to the actual key.
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A Download Source Medify
° Create Application Code Configuration

Paste SDKAPPID and Secret Key to Decompress the source package downloaded in Step 2, and open Android/TRTCScenesDemo/debug/src/main/fjava/com/tencent/liteav/de

bug/GenerateTestUserSig java File

S peci'ﬁ ed LO catio n Android 10S&mac0s Windows(C++) Windows(C#) Weh Mini Program Electron

public class GenerateTestUserSig {

SDKARPID  Copy

private static fimal ine|SDEAPPID = 0;

Secret Key Copy

private static final int EXFIRETIME = 604800

Pasted and Next

4. Click Next to complete the creation.

5. After compilation, click Return to Overview Page.

Note :

» The method for generating UserSig described in this document involves configuring
SECRETKEY in client code. In this method, SECRETKEY may be easily decompiled and

reversed, and if your key is disclosed, attackers can steal your Tencent Cloud traffic.
Therefore, this method is suitable only for the local execution and debugging of
the app.

« The correct UserSig distribution method is to integrate the calculation code of UserSig
into your server and provide an application-oriented APl. When UserSig is needed, your
application can send a request to the business server for a dynamic UserSig . For more

information, see How do | calculate UserSig on the server?.

Step 4. Run the application

Open the source code project TUIVoiceRoom with Android Studio (version 3.5 or above) and click

Run.
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Step 5. Modify the app’s source code

The Source folder in the source code contains two subfolders: ui and model . The ui subfolder
contains Ul code. The table below lists the files (folders) and the Ul views they represent. You can

refer to it when making Ul changes.

File or Folder Description

base Basic classes used by the Ul

room Main room views for room owner and listener
widget Common controls

Tryout

Note :

You need at least two devices to try out the application.

User A

1. Enter a username (which must be unique) and log in.
2. Click Create Room.

3. Type a subject for the conference and tap Let’s go.

User B

1. Enter a username (which must be unique) and log in.

2. Enter the ID of the room created by user A and tap Join.

Note :

You can find the room ID at the top of user A’s room view.

Customizing Ul

The Source folder in the source code contains two subfolders: ui and model . The model

subfolder contains the reusable open-source component TRTCVoiceRoom . You can find the

©2013-2019 Tencent Cloud. All rights reserved. Page 323 of 777


https://github.com/tencentyun/TUIVoiceRoom/tree/main/Android/Source/src/main/java/com/tencent/liteav/trtcvoiceroom

@Tencent Cloud Tencent Real-Time Communication

component’s APIs in TRTCVoiceRoom. java and use them to customize your own Ul.

- Open-source component based on
[ | IM SDK and TRTC SDK

TRTC component for real-time
audio/video communication

IM component for mic seat
management and text chat

Step 1. Integrate the SDK

The audio chat room component TRTCVoiceRoom depends on the TRTC SDK and IM SDK. Follow the
steps below to integrate the two SDKs into your project.

Method 1: adding dependencies via Maven

1. Add the TRTC SDK and IM SDK dependencies to dependencies .

dependencies {

complie ”“com. tencent. Liteav:LiteAVSDK TRTC: latest. release”
complie ’com. tencent, imsdk: imsdk: latest. release’

compile 'com. google. code. gson:gson:2.3.1’

}

2. In defaultConfig , specify the CPU architecture to be used by your application.

defaultConfig {

ndk {

abiFilters "armeabi-v7a”
}

}

3. Click Sync Now to automatically download the SDKs and integrate them into your project.
Method 2: adding dependencies through local AAR files

If your access to the Maven repository is slow, you can download the ZIP files of the SDKs and

manually integrate them into your project as instructed in the documents below.
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SDK Download Page Integration Guide
TRTC SDK Download Integration document
IM SDK Download Integration document

Step 2. Configure permission requests and obfuscation rules

Configure permission requests for your app in AndroidManifest.xml . The SDKs need the following

permissions (on Android 6.0 and above, the read storage permission must be requested at runtime.)

<uses-permission android:name="android. permission. INTERNET”>
<uses-permission android:name="android. permission. ACCESS NETWORK STATE”>
<uses-permission android:name="android. permission.ACCESS WIFI STATE”>
<uses-permission android:name="android.permission. WRITE EXTERNAL STORAGE”>
<{uses-permission android:name="android.permission.READ EXTERNAL STORAGE”>
<uses-permission android:name="android. permission.RECORD AUDIO”>
<uses-permission android:name="android. permission. MODIFY AUDIO SETTINGS”)>
<uses-permission android:name="android. permission. BLUETOOTH”>
<uses-permission android:name="android. permission. READ PHONE STATE”>

In the proguard-rules.pro file, add the SDK classes to the "do not obfuscate" list.

-keep class com. tencent, *x { *;}

Step 3. Import the TRTCVoiceRoom component

Copy all the files in the directory below to your project:

Source/src/main/java/com/tencent/liteav/trtcvoiceroom/model

Step 4. Create an instance and log in

1. Call the sharedInstance API to create an instance of the TRTCVoiceRoom component.
2. Call the setDelegate API to register event callbacks of the component.
3. Call the login API to log in to the component, and set the key parameters as described below.

Parameter I
Description
Name
SDKAppID You can view "SDKAppID" in the TRTC console.

userld ID of the current user, which is a string that can contain letters (a-z and A-Z),
digits (0-9), hyphens (-), and underscores (_). We recommend you set it based
on your business account system.
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userSig Tencent Cloud's proprietary security signature. To obtain one, see UserSig.

callback Login callback. The code is "0" if login is successful.

TRTCVoiceRoom mTRTCVoiceRoom = TRTCVoiceRoom. sharedInstance(this);
mTRTCVoiceRoom. setDelegate(this);

mTRTCVoiceRoom. Login(SDKAPPID, userId, userSig, new TRTCVoiceRoomCal lback.ActionCallback() {
@0verride

public void onCallback(int code, String msg) {

if (code == 0) {![](https://main. qcloudimg. com/raw/3151fcOdf16c063db7a75f6¢c1facf562. png)

// Logged in

}

}

});

Step 5. Create a room and become a speaker

1. After performing step 4 to log in, call setSelfProfile to set your nickname and profile photo.

2. A user calls createRoom to create an audio chat room, passing in room attributes (e.g. room ID,
whether listeners require room owner’s consent to speak, number of seats).

3. After creating the room, the user calls enterSeat to become a speaker.

4. You will receive an onSeatListChanget notification about the change of the seat list, and can
update the change to the Ul.

5. You will also receive an onAnchorEnterSeat notification about the occupation of a seat, and mic
capturing will be enabled automatically.
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Your business code B‘ Tencent Cloud terminal b‘ Tencent Cloud backend j Tencent Cloud backend b‘
component
-
Anchor TRTCVoiceRoom ’ TRTC network W IM network ’

login

: : login request :

_________________________________ .____loginresponse

login result : 1

DR bbb bbb bbby y :
setSelfProfile . update self info request , 1

update self info response D
PR setSelfProfile result [ mmmm e e R EE LR R R e ;
createRoom - create room request
create room response
P . :
! create room request

callback create room response D
(€ mmmmmmmmmm e R L L L LR PP R L EPEPEPEEE O LLEEEELEECEEEPEEE ‘
enterSeat ) . :

modify attributes request | :

elee ] «.....Modify attributes response ﬂ
onSeatListChange U oeen onAttributeschange ;
onAnchorEnterSeat audio/data stream ;D ;

// 1. Set your nickname and profile photo.
mTRTCVoiceRoom. setSelfProfile("my name”, "my face url”, null);

// 2. Call “createRoom™ to create a room

final TRTCVoiceRoomDef.RoomParam roomParam = new TRTCVoiceRoomDef.RoomParam();

roomParam. roomName = "Room name”;

roomParam. needRequest = false; // Whether your consent is required for listeners to speak
roomParam. seatCount = 7; // Number of room seats. In this example, the number is 7. 6 seats are a
vailable after you take one.

roomParam. coverUrl = "URL of room cover image”;

mTRTCVoiceRoom. createRoom(mRoomId, roomParam, new TRTCVoiceRoomCallback.ActionCallback() {
@Override

public void onCallback(int code, String msg) {
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if (code == 0) {

// 3. Take seat 0

mTRTCVoiceRoom. enterSeat (0, new TRTCVoiceRoomCal Lback.ActionCallback() {
@Override

public void onCallback(int code, String msg) {

if (code == 0) {

1)

// 4. After taking a seat, you receive an “onSeatlistChange  notification
@0verride

public void onSeatListChange(final List<trtcvoiceroomdef.seatinfo)> seatInfolList) {
// Display the seat list

}

// 5. You receive an “onAnchorEnterSeat ™ notification

@Override

public void onAnchorEnterSeat(TRTCVoiceRoomDef.UserInfo userInfo) {
}

Step 6. Enter a room as a listener

1. After performing step 4 to log in, call setSelfProfile to set your nickname and profile photo.
2. Get the latest audio chat room list from the backend.

Note :
The audio chat room list in the app is for demonstration only. The logic of audio chat room
lists varies significantly. Tencent Cloud does not provide list management services for the

time being. Please manage the list by yourself.

3. Call getRoomInfoList to get short descriptions of the rooms, which are provided by the room

owner during room creation via the calling of createRoom .

Note :
If your audio chat room list already displays enough room information, you can skip the step
of calling getRoomInfolList .
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4. The user selects a room, and calls enterRoom with the room ID passed in to enter the room.

5. After entering the room, you will receive an onRoomInfoChange notification about room change

from the component. Record the room information, including room name, whether the room

owner’s consent is required for listeners to speak, etc., and update it to the Ul.

6. You will receive an onSeatListChange notification about seat change from the component. Update

the change to the Ul.

7. You will also receive an onAnchorEnterSeat notification that someone becomes a speaker.

Your business code j Tencent Cloud terminal T Tencent Cloud backend T Tencent Cloud backend B‘ Your business backend T
component
Viewer TRTCVoiceRoom ’ TRTC network ’ IM network ’ Your backend

login .
login request :
it loginresponse H
login result ,
A RREE R LR EEEEREEEEEE - :
setSelfProfile update self info request i
update self info response D
PR setSelfProfile result | [€-rmrmmmmmms s s b s s T
: get room id list -
>
om e e oo getrOOM id list callback
enterRoom enter room request
enter room response H
R R E L PP R PR R e -
(€ T enter room request
callback ! enter room response [l
L R R EEEEEEEEEE R EEEELEEEEEEEEEEEEEE PR T
. nAttributeschan
onRoomInfoChange D e e L e onAttributeschan %
( ________________________________
onSeatListChange
( ................................
«-...0MAnchorEnterSeat

audio data stream

// 1. Set your nickname and profile photo.

mTRTCVoiceRoom. setSelfProfile("my name”, "my face url”, null);

// 2, Get the room list from the backend. Suppose it is “roomlList".

List<integer> roomList = Ge

tRoomList();

// 3. Call “getRoomInfolList  to get details of the rooms.
mTRTCVoiceRoom. getRoomInfolList(roomList, new TRTCVoiceRoomCal lback.RoomInfoCallback() {
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@0verride

public void onCallback(int code, String msg, List<trtcvoiceroomdef.roominfo> List) {
if (code == 0) {

// Refresh the room List on your UI

}

}

};

// 4. Select an audio chat room, and pass in the “roomId  to enter it
mTRTCVoiceRoom. enterRoom(roomId, new TRTCVoiceRoomCal lback.ActionCallback() {
@Override

public void onCallback(int code, String msg) {

if (code == 0) {

// Entered room successfully
}

}

});

// b, After successful room entry, you receive an “onRoomInfoChange ™ notification.
@Override

public void onRoomInfoChange(TRTCVoiceRoomDef.RoomInfo roomInfo) {

mNeedRequest = roomInfo.needRequest;

mRoomName = roomInfo. roomName;

// The UI can display the title and other information

}

// 6. You receive an “onSeatlistChange  notification

@Override

public void onSeatListChange(final List<trtcvoiceroomdef.seatinfo> seatInfolList) {
// Display the seat list

}

// 7. You receive an “onAnchorEnterSeat ™ notification

@Override

public void onAnchorEnterSeat(TRTCVoiceRoomDef.UserInfo userInfo) {
}

Step 7. Manage seats

« Room owner

« Listener
1. Call pickSeat , passing in a seat number and the userld of a listener to place the listener in the

seat. All users in the room will receive an onSeatListChange notification and an onAnchorEnterSeat

notification.
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2. Call kickSeat , passing in a seat number to remove the speaker from the seat. All users in the

room will receive an onSeatListChange notification and an onAnchorLeaveSeat notification.

3. Call muteSeat , passing in a seat number to mute/unmute the seat. All members in the room will

receive an onSeatListChange notification and an onSeatMute notification.

4. Call closeSeat , passing in a seat number to block/unblock the seat. Listeners cannot take a

blocked seat, and all users in the room will receive an onSeatListChange notification and an

onSeatClose notification.

LD AN
Your business code j Tencent Cloud terminal Your business code
component
N
Viewer TRTCVoiceRoom Anchor

pickSeat
Qe
pickSeat callback
R ECGRCCEICTTELEEURE LR EPRETPERR S >

______ onSeatlistChange . onSeatlistChange

onAnchorEnterSeat L onAnchorEnterSeat | >

kickSeat
‘< _____________________________________
e kickSeat callback

______ onSeatlistChange . onSeatlistChange ___

_____ onAnchorleaveSeat . onAnchorleaveSeat
e closeSeat/muteSeat_____
closeSeat/muteSeat callback

______ onSeatlistChange . .. ... onSeatlistChange

_OnSeatClose/onSeatMute I onSeatClose/onSeatMute
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Step 8. Use signaling for invitations

In seat management, listeners can take and leave seats without the room owner’s consent, and the
room owner can put listeners in seats without the listeners’ consent.
If you want listeners and room owners to obtain each other’s consent before performing the above

actions in your application, you can use signaling for invitation sending.

» Listener requesting to take seat

« Room owner inviting listener to take seat

1. A listener calls sendInvitation , passing in information including the room owner’s userId and
custom command words. The API will return an inviteld , which should be recorded.

2. The room owner receives an onReceiveNewInvitation notification, and a window pops up on the Ul
asking the room owner whether to accept the request.

3. The room owner calls acceptInvitation with the inviteld passed in to accept the request.

4. The listener receives an onlnviteeAccepted notification and calls enterSeat to become a speaker.

Tencent Cloud B B
Your business code . Your business code
terminal component
r ™y F ™y
Viewer TRTCVoiceRoom Anchor

L - vy L J
sendInviation
__________________________________ >|

onReceiveNewlnvitation

onlnviteeAccepted

D LI CLET S er LR PRP LS -

enterSeat
__________________________________ )i

enterSeat callback
D S EEhChREEETETELEEESESEEEE :

onSeatListChange onSeatListChange

€ e EEREELCEEPPELD >
i OmAnchorEnterSeat i_....._onAnchorEnterSeat
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// Listener
// 1. Call sendInvitation to request to take seat 1
String inviteld = mTRTCVoiceRoom. sendInvitation(”ENTER SEAT”, ownerUserId, ”1”, null);

// 2. Place the user in the seat after the invitation is accepted
@0verride

public void onInviteeAccepted(String id, String invitee) {
if(id.equals(inviteId)) {

mTRTCVoiceRoom. enterSeat (1, null);

}

}

// Room owner

// 1. The room owner receives the request.

@Override

public void onReceiveNewInvitation(final String id, String inviter, String cmd, final String cont
ent) {

if (cmd.equals(”ENTER SEAT”)) {

// 2. The room owner accepts the request.

mTRTCVoiceRoom. acceptInvitation(id, null);

}
}

Step 9. Enable text chat and on-screen comments

o Call sendRoomTextMsg to send common text messages. All users in the room will receive an
onRecvRoomTextMsg callback.
IM has its default content moderation rules. Text messages that contain restricted terms will not
be forwarded by the cloud.

// Sender: send text messages

mTRTCVoiceRoom. sendRoomTextMsg(”Hello Word!”, null);

// Recipient: listen for text messages

mTRTCVoiceRoom. setDelegate(new TRTCVoiceRoomDe legate() {

@0verride

public void onRecvRoomTextMsg(String message, TRTCVoiceRoomDef.UserInfo userInfo) {
Log.d(TAG, "Received a message from” + userInfo.userName + ”: ” + message);

}

});

« Call sendRoomCustomMsg to send custom (signaling) messages. All users in the room will receive an

onRecvRoomCustomMsg callback.

Custom messages are often used to transfer custom signals, e.g., to give and broadcast likes.
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// A sender can customize CMD to distinguish on-screen comments and likes.

// For example, use “CMD DANMU” to indicate on-screen comments and “CMD LIKE” to indicate like
s.

mTRTCVoiceRoom. sendRoomCustomMsg (”CMD DANMU”, "Hello world”, null);

mTRTCVoiceRoom. sendRoomCustomMsg(”’CMD LIKE”, ””, null);

// Receiver: listen for custom messages

mTRTCVoiceRoom. setDelegate(new TRTCVoiceRoomDe legate() {

@0verride

public void onRecvRoomCustomMsg(String cmd, String message, TRTCVoiceRoomDef.UserInfo userInf
0) {

if ("CMD DANMU”.equals(cmd)) {

// An on-screen comment is received.

Log. d(TAG, "Received an on-screen comment from” + userInfo.userName + 7: ”
} else if ("CMD LIKE”.equals(cmd)) {

// A Like is received,

Log. d(TAG, userInfo.userName + ”liked you.”);

}

}

1)

+ message);
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TRTCVoiceRoom (i0S)

Last updated : 2022-01-05 15:50:42

TRTCVoiceRoom is based on Tencent Real-Time Communication (TRTC) and Instant Messaging (IM). Its
features include:

o A user can create an audio chat room and become a speaker, or enter an audio chat room as a
listener.

» The room owner can invite a listener to speak as well as remove a speaker.

» The room owner can also block a seat. Listeners cannot request to take a blocked seat.

» A listener can request to speak and become a speaker. A speaker can also become a listener.

» All users can send text and custom messages. Custom messages can be used to send on-screen
comments, give likes, and send gifts.

TRTCVoiceRoom is an open-source class depending on two closed-source Tencent Cloud SDKs. For the
specific implementation process, please see Audio Chat Room (i0S).

o TRTC SDK: the TRTC SDK is used as a low-latency audio chat component.

« IM SDK: the AVChatRoom feature of the IM SDK is used to implement chat rooms. The attribute APIs
of IM are used to store room information such as the seat list, and invitation signaling is used to
send requests to speak or invite others to speak.

TRTCVoiceRoom API Overview

Basic SDK APIs

API Description

sharedlnstance Gets a singleton object.
destroySharedinstance Terminates a singleton object.
setDelegate Sets event callbacks.

setDelegateHandler Sets the thread where event callbacks are.
login Logs in.

logout Logs out.

setSelfProfile Sets profile.
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Room APIs

API
createRoom

destroyRoom
enterRoom
exitRoom

getRoomlinfolList

getUserlInfoList

Tencent Real-Time Communication

Description

Creates a room (called by room owner). If the room does not exist, the
system will automatically create a room.

Terminates a room (called by room owner).
Enters a room (called by listener).

Exits a room (called by listener).

Gets room list details.

Gets the user information of the specified userld . If the valueis nil , the
information of all users in the room is obtained.

Seat management APIs

API
enterSeat
moveSeat
leaveSeat
pickSeat
kickSeat
muteSeat

closeSeat

Local audio APIs

API

startMicrophone
stopMicrophone
setAudioQuality

mutelocalAudio

Description

Becomes a speaker (called by room owner or listener).
Changes the seat (called by speaker).

Becomes a listener (called by speaker).

Places a user in a seat (called by room owner).
Removes a speaker (called by room owner).
Mutes/Unmutes a seat (called by room owner).

Blocks/Unblocks a seat (called by room owner).

Description

Starts mic capturing.
Stops mic capturing.
Sets audio quality.

Mutes/Unmutes local audio.
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API Description

setSpeaker Sets whether to use the speaker or receiver.
setAudioCaptureVolume Sets mic capturing volume.
setAudioPlayoutVolume Sets playback volume.
setVoiceEarMonitorEnable Enables/Disables in-ear monitoring.

Remote audio APIs

API Description
muteRemoteAudio Mutes/Unmutes a specified member.
muteAllRemoteAudio Mutes/Unmutes all members.

Background music and audio effect APIs
API Description

Gets the background music and audio effect management object

getAudioEffectManager ,
TXAudioEffectManager.

Message sending APIs
API Description

Broadcasts a text message in a room. This API is generally used for on-

sendRoomTextMsg
screen comments.

sendRoomCustomMsg Sends a custom text message.

Invitation signaling APIs

API Description
sendlInvitation Sends an invitation.
acceptlnvitation Accepts an invitation.
rejectinvitation Declines an invitation.
cancellnvitation Cancels an invitation.
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TRTCVoiceRoomDelegate API Overview

Common event callback APIs

API
onError
onWarning

onDebuglLog

Room event callback APIs
API
onRoombDestroy
onRoomInfoChange

onUserVolumeUpdate

Seat list change callback APIs

API Description

Description
Error
Warning

Log

Description
The room was terminated.
The room information changed.

User volume

onSeatListChange All seat changes

Someone became a speaker or was made a speaker by the room

onAnchorEnterSeat

owner.

Someone became a listener or was moved to listeners by the room
onAnchorLeaveSeat

owner.
onSeatMute The room owner muted a seat.

onUserMicrophoneMute Whether a user’s mic is muted

onSeatClose The room owner blocked a seat.

Callback APIs for room entry/exit by listener

API

onAudienceEnter

Description

A listener entered the room.
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API

onAudienceExit

Message event callback APIs
API
onRecvRoomTextMsg

onRecvRoomCustomMsg

Signaling event callback APIs
API
onReceiveNewlnvitation
onlnviteeAccepted
onlnviteeRejected

onlnvitationCancelled

Basic SDK APIs

sharedinstance

Tencent Real-Time Communication

Description

A listener exited the room.

Description
Receipt of a text message

A custom message was received.

Description

Receipt of an invitation
Invitation accepted by invitee
Invitation declined by invitee

Invitation canceled by inviter

This APl is used to get a TRTCVoiceRoom singleton object.

/%%

* Get a "TRTCVoiceRoom™ singleton object

*
% — returns: "TRTCVoiceRoom™ instance

* — note: to terminate a singleton object, call {@Link TRTCVoiceRoomzdestroySharedInstance()}.

*/

+ (instancetype)sharedInstance NS SWIFT NAME(shared());

destroySharedinstance

This APl is used to terminate a TRTCVoiceRoom singleton object.
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Note :
After the instance is terminated, the externally cached TRTCVoiceRoom instance can no longer

be used. You need to call sharedinstance again to get a new instance.

/%%

* Terminate a "TRTCVoiceRoom™ singleton object
*

* - note: after the instance is terminated, the externally cached “TRTCVoiceRoom™ instance can no
longer be used. You need to call {@Link TRTCVoiceRoomZsharedinstance()} again to get a new instan
ce.

*/
+ (void)destroySharedInstance NS SWIFT NAME(destroyShared());

setDelegate

This APl is used to set the event callback of TRTCVoiceRoom. You can use TRTCVoiceRoomDe legate to
get different status notifications of TRTCVoiceRoom.

k%

* Set the event callbacks of the component

*

* You can use “TRTCVoiceRoomDelegate to get different status notifications of “TRTCVoiceRoom™

*

* — parameter delegate Callback API

* — note: callback events in “TRTCVoiceRoom™ are called back to you in the main queue by default.

If you need to specify a queue for event callback, please use {@link TRTCVoiceRoomffsetDelegateQue
ve(queue)}.

*/
- (void)setDelegate: (id<TRTCVoiceRoomDelegate>)delegate NS_SWIFT NAME(setDelegate(delegate:));

Note :
setDelegate is the delegate callback of TRTCVoiceRoom

setDelegateQueue

This APl is used to set the thread queue for event callbacks. The main thread (MainQueue) is used by
default.
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Viss

* Set the queue for event callbacks
*

* — parameter queue Queue. Various status callback notifications in “TRTCVoiceRoom™ will be sent
to the queue you specify.

*/
- (void)setDelegateQueue: (dispatch_queue_t)queue NS_SWIFT _NAME(setDelegateQueue(queue:));

The parameters are as detailed below:

Parameter Type Description

The status notifications of TRTCVoiceRoom are sent to the

ueue dispatch queue t
a P - - thread queue you specify.

login

This APl is used to log in to the Tencent backend server.
- (void) login: (int)sdkAppID
userId: (NSString *)userld

userSig: (NSString *)userSig

callback: (ActionCallback Nullable)callback NS_SWIFT NAME(login(sdkAppID:userId:userSig:callback
)

The parameters are as detailed below:
Parameter Type Description

sdkAppld int You cfam v.iew SDKAppID in Application Management >
Application Info of the TRTC console.

ID of the current user, which is a string that can contain only
userld NSString letters (a-z and A-Z), digits (0-9), hyphens (-), and underscores
()

Tencent Cloud's proprietary security signature. For more
userSig NSString , , ua's propri y Uity signatu ,
information on how to get it, please see UserSig.

callback ActionCallback Callback for login. The code is 0 if login succeeds.

logout

This APl is used to log out of the Tencent backend server.
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- (void) logout: (ActionCallback Nullable)callback NS _SWIFT NAME(logout(callback:));

The parameters are as detailed below:

Parameter Type Description
callback ActionCallback Callback for logout. The code is 0 if logout succeeds.
setSelfProfile

This APl is used to set the profile.

- (void)setSelfProfile: (NSString *)userName avatarURL: (NSString *)avatarURL callback: (ActionCallb
ack Nullable)callback NS SWIFT NAME(setSelfProfile(userName:avatarURL:callback:));

The parameters are as detailed below:

Parameter Type Description
userName NSString Username
avatarURL NSString Profile picture URL

Callback for profile setting. The code is 0 if the operation

callback ActionCallback
succeeds.

Room APIs

createRoom

This APl is used to create a room (called by room owner).

- (void)createRoom: (int)roomID roomParam:(VoiceRoomParam *)roomParam callback: (ActionCallback Nu
Llable)callback NS_SWIFT NAME(createRoom(roomID:roomParam:callback:));

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description

Room ID. You need to assign and manage the IDs in a
centralized manner. Multiple roomID values can be

roomld int aggregated into a karaoke room list. Currently, Tencent
Cloud does not provide management services for room lists.
Please manage the list on your own.

Room information, such as room name, seat list information,
roomParam VoiceRoomParam and cover information. To manage seats, you must enter the
number of seats in the room.

Callback for room creation. The code is 0 if the operation
succeeds.

callback ActionCallback

The process of creating a karaoke room and becoming a speaker is as follows:

1. A user calls createRoom to create an audio chat room, passing in room attributes (e.g. room ID,
whether listeners require room owner’s consent to speak, number of seats).

2. After creating the room, the user calls enterSeat to become a speaker.

3. The user will receive an onSeatListChanget notification about the change of the seat list, and can
update the change to the Ul.

4. The user will also receive an onAnchorEnterSeat notification that someone became a speaker, and

mic capturing will be enabled automatically.

destroyRoom
This APl is used to terminate a room (called by room owner).

- (void)destroyRoom: (ActionCallback Nullable)callback NS _SWIFT NAME(destroyRoom(callback:));
The parameters are as detailed below:

Parameter Type Description

Callback for room termination. The code is 0 if the operation

callback ActionCallback
succeeds.

enterRoom

This APl is used to enter a room (called by listener).

- (void)enterRoom: (NSInteger)roomID callback: (ActionCallback Nullable)callback NS _SWIFT NAME(ent
erRoom(roomID:callback:));
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The parameters are as detailed below:
Parameter Type Description
roomld NSinteger Room ID

Callback for room entry. The code is 0 if the operation
succeeds.

callback ActionCallback

The process of entering a room as a listener is as follows:

1. A user gets the latest audio chat room list from your server. The list may contain the roomId and
room information of multiple audio chat rooms.

2. The user selects a room, and calls enterRoom with the room ID passed in to enter the room.

3. After entering the room, the user receives an onRoomInfoChange notification about room attribute
change from the component. The attributes can be recorded, and corresponding changes can be
made to the Ul, including room name, whether room owner’s consent is required for listeners to
speak, etc.

4. The user will receive an onSeatListChange notification about the change of the seat list and can
update the change to the Ul.

5. The user will also receive an onAnchorEnterSeat notification that someone became a speaker.

exitRoom
This APl is used to exit a room.

- (void)exitRoom: (ActionCallback Nullable)callback NS_SWIFT NAME(exitRoom(callback:));
The parameters are as detailed below:

Parameter  Type Description

Callback for room exit. The code is 0 if the operation
succeeds.

callback ActionCallback

getRoominfolList

This APl is used to get room list details. The room name and cover are set by the room owner via

roomInfo when calling createRoom() .

Note :
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You don’t need this API if both the room list and room information are managed on your server.

- (void)getRoomInfoList: (NSArray<NSNumber *> *)roomIdList callback:(VoiceRoomInfoCallback Nullab
le)callback NS_SWIFT NAME(getRoomInfoList(roomIdList:callback:));

The parameters are as detailed below:

Parameter Type Description

roomldList NSArray<NSNumber> Room ID list

callback RoominfoCallback Callback of room details
getUserinfolList

This APl is used to get the information of specific users ( userld ).

- (void)getUserInfoList: (NSArray<NSString *> * Nullable)userIDList callback: (VoiceRoomUserListCa
Llback Nullable)callback NS_SWIFT NAME(getUserInfolList(userIDList:callback:));

The parameters are as detailed below:

Parameter Type Description

IDs of the users to query. If this parameter is null ,

userldList NSArray<NSString> ) . ) ) )
the information of all users in the room is queried.

userlistcallback UserListCallback Callback of user details

Seat Management APIs

enterSeat

This APl is used to become a speaker (called by room owner or listener).

Note :
After a user becomes a speaker, all members in the room will receive an onSeatListChange

notification and an onAnchorEnterSeat notification.
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- (void)enterSeat: (NSInteger)seatIndex callback: (ActionCallback Nullable)callback NS _SWIFT NAME
(enterSeat (seatIndex:callback:));

The parameters are as detailed below:

Parameter Type Description
seatindex NSinteger Number of the seat to take
callback ActionCallback Callback for the operation

Calling this API will immediately modify the seat list. In cases where listeners need the room owner’s
consent to take a seat, you can call sendInvitation first to send a request and, after receiving
onlnvitationAccept , call this API.

moveSeat

This APl is used to change one’s seat (called by speaker).

Note :
After the seat change, all users in the room will receive the onSeatListChange ,
onAnchorlLeaveSeat , and onAnchorEnterSeat notifications. This API will only change the user’s

seat number, not the user role.

- (NSInteger)moveSeat: (NSInteger)seatIndex callback: (ActionCallback Nullable)callback
NS_SWIFT NAME(moveSeat(seatIndex:callback:))

The parameters are as detailed below:

Parameter Type Description
seatindex NSinteger Number of the seat to change to
callback ActionCallback Callback for the operation

Response parameters:

Parameter  Type Description

Result of seat change. 0 : operation successful; 10001 : API rate

code NSinteger o . .
limit exceeded; other values: operation failed
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Calling this API will immediately modify the seat list. In cases where listeners need the room owner’s
consent to take a seat, you can call sendInvitation first to send a request and, after receiving
onlnvitationAccept , call this API.

leaveSeat

This APl is used to become a listener (called by speaker).

Note :

After a speaker becomes a listener, all members in the room will receive an onSeatListChange

notification and an onAnchorLeaveSeat notification.

- (void) LeaveSeat: (ActionCallback Nullable)callback NS _SWIFT NAME(leaveSeat(callback:));

The parameters are as detailed below:

Parameter Type Description
callback ActionCallback Callback for the operation
pickSeat

This APl is used to place a user in a seat (called by room owner).

Note :

After the room owner places a user in a seat, all members in the room will receive an

onSeatListChange notification and an onAnchorEnterSeat notification.

- (void)pickSeat: (NSInteger)seatIndex userId: (NSString *)userId callback: (ActionCallback Nullabl
e)callback NS _SWIFT NAME(pickSeat(seatIndex:userlId:callback:));

The parameters are as detailed below:

Parameter Type Description
seatlndex NSinteger Number of the seat to place the user in
userld NSString User ID
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Parameter Type Description

callback ActionCallback Callback for the operation

Calling this API will immediately modify the seat list. In cases where the room owner needs listeners’
consent to make them speakers, you can call sendInvitation first to send a request and, after
receiving onlnvitationAccept , call pickSeat .

kickSeat

This APl is used to remove a speaker (called by room owner).

Note :

After a speaker is removed, all members in the room will receive an onSeatListChange

notification and an onAnchorlLeaveSeat notification.

- (void)kickSeat: (NSInteger)seatIndex callback:(ActionCallback Nullable)callback NS SWIFT NAME (k
ickSeat (seatIndex:callback:));

The parameters are as detailed below:

Parameter Type Description
seatlndex NSinteger Seat number of the speaker to remove
callback ActionCallback Callback for the operation

Calling this API will immediately modify the seat list.

muteSeat

This APl is used to mute/unmute a seat (called by room owner).

Note :

After a seat is muted/unmuted, all members in the room will receive an onSeatListChange

notification and an onSeatMute notification.
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- (void)muteSeat: (NSInteger)seatIndex isMute: (BOOL) isMute callback: (ActionCallback Nullable)call
back NS_SWIFT NAME(muteSeat(seatIndex:isMute:callback:));

The parameters are as detailed below:

Parameter Type Description

seatindex NSinteger Number of the seat to mute/unmute

isMute BOOL YES : mute the seat; NO : unmute the seat
callback ActionCallback Callback for the operation

Calling this API will immediately modify the seat list. The speaker on the seat specified by seatIndex

will call muteAudio to mute/unmute his or her audio.

closeSeat

This APl is used to block/unblock a seat (called by room owner).

Note :
After a seat is blocked/unblocked, all members in the room will receive an onSeatListChange

notification and an onSeatClose notification.

- (void)closeSeat: (NSInteger)seatIndex isClose: (BOOL)isClose callback: (ActionCallback Nullable)c
allback NS_SWIFT NAME(closeSeat(seatIndex:isClose:callback:));

The parameters are as detailed below:

Parameter Type Description

seatindex NSInteger Number of the seat to block/unblock
isClose BOOL YES : block the seat; NO : unblock the seat
callback ActionCallback Callback for the operation

Calling this API will immediately modify the seat list. The speaker on the seat specified by seatIndex

will leave the seat.
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Local Audio APIs

startMicrophone

This APl is used to start mic capturing.

- (void)startMicrophone,

stopMicrophone

This APl is used to stop mic capturing.

- (void)stopMicrophone ;

setAudioQuality

This APl is used to set audio quality.

- (void)setAuidoQuality: (NSInteger)quality NS SWIFT NAME(setAuidoQuality(quality:));

The parameters are as detailed below:

Parameter Type Description
quality NSinteger Audio quality. For more information, please see setAudioQuality().
mutelLocalAudio

This API is used to mute/unmute local audio.

- (void)muteLocalAudio: (BOOL)mute NS SWIFT NAME(muteLocalAudio(mute:));

The parameters are as detailed below:

Parameter Type Description

Whether to mute or unmute audio. For more information, please see

mute BOOL ,
muteLocalAudio().

setSpeaker

This APl is used to set whether to use the speaker or receiver.

- (void)setSpeaker: (BOOL)userSpeaker NS SWIFT NAME(setSpeaker (userSpeaker:));
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The parameters are as detailed below:

Parameter Type Description

useSpeaker BOOL YES : speaker; NO : receiver

setAudioCaptureVolume

This APl is used to set the mic capturing volume.

- (void)setAudioCaptureVolume: (NSInteger)voluem NS_SWIFT NAME(setAudioCaptureVolume(volume:));

The parameters are as detailed below:

Parameter Type Description

volume NSinteger Capturing volume. Value range: 0-100. Default value: 100

setAudioPlayoutVolume

This APl is used to set the playback volume.

- (void)setAudioPlayoutVolume: (NSInteger)volume NS SWIFT NAME(setAudioPlayoutVolume(volume:));

The parameters are as detailed below:

Parameter Type Description
volume NSinteger Playback volume. Value range: 0-100. Default value: 100
muteRemoteAudio

This APl is used to mute/unmute a specified user.

- (void)muteRemoteAudio: (NSString *)userId mute: (BOOL)mute NS_SWIFT NAME(muteRemoteAudio(userId:m
ute:));

The parameters are as detailed below:

Parameter Type Description
userld NSString ID of the user to mute/unmute
mute BOOL YES : mute; NO : unmute
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muteAllRemoteAudio

This API is used to mute/unmute all users.

- (void)muteAllRemoteAudio: (BOOL) isMute NS_SWIFT NAME(muteAllRemoteAudio(isMute:));
The parameters are as detailed below:

Parameter Type Description

mute BOOL YES : mute; NO : unmute

setVoiceEarMonitorEnable

This APl is used to enable/disable in-ear monitoring.

- (void)setVoiceEarMonitorEnable: (BOOL)enable NS SWIFT NAME(setVoiceEarMonitor(enable:));
The parameters are as detailed below:

Parameter Type Description

enable BOOL YES : enable in-ear monitoring; NO : disable in-ear monitoring

Background Music and Audio Effect APIs

getAudioEffectManager
This APl is used to get the background music and audio effect management object

TXAudioEffectManager.

- (TXAudioEffectManager * Nullable)getAudioEffectManager

Message Sending APIs

sendRoomTextMsg
This APl is used to broadcast a text message in a room, which is generally used for on-screen

comments.
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- (void)sendRoomTextMsg: (NSString *)message callback: (ActionCallback Nullable)callback NS _SWIFT
NAME (sendRoomTextMsg(message:cal lback:));

The parameters are as detailed below:

Parameter Type Description
message NSString Text message
callback ActionCallback Callback for the operation

sendRoomCustomMsg

This APl is used to send a custom text message.

- (void)sendRoomCustomMsg: (NSString *)cmd message: (NSString *)message callback: (ActionCallback N
ullable)callback NS_SWIFT NAME(sendRoomCustomMsg(cmd:message:callback:));

The parameters are as detailed below:

Parameter Type Description

Custom command word used to distinguish between different

cmd NSString
message types
message NSString Text message
callback ActionCallback Callback for the operation

Invitation Signaling APIs

sendIinvitation

This API is used to send an invitation.

- (NSString *)sendInvitation: (NSString *)cmd

userId: (NSString *)userId

content: (NSString *)content

callback: (ActionCallback Nullable)callback NS _SWIFT NAME(sendInvitation(cmd:userId:content:callb
ack:));

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description

cmd NSString Custom command of business
userld NSString ID of the user to invite
content NSString Invitation content

callback ActionCallback Callback for the operation

Response parameters:

Returned Value Type Description
inviteld NSString Invitation ID
acceptinvitation

This APl is used to accept an invitation.

- (void)acceptInvitation: (NSString *)identifier callback: (ActionCallback Nullable)callback NS _SW
IFT _NAME(acceptInvitation(id:callback:));

The parameters are as detailed below:

Parameter Type Description

id NSString Invitation ID

callback ActionCallback Callback for the operation
rejectinvitation

This API is used to decline an invitation.

- (void)rejectInvitation: (NSString *)identifier callback: (ActionCallback Nullable)callback NS_SW
IFT NAME(rejectInvitation(id:callback:));

The parameters are as detailed below:

Parameter Type Description
id NSString Invitation ID
callback ActionCallback Callback for the operation
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cancellnvitation

This API is used to cancel an invitation.

- (void)cancellInvitation: (NSString *)identifier callback: (ActionCallback Nullable)callback NS_SW
IFT NAME(cancelInvitation(id:callback:));

The parameters are as detailed below:

Parameter Type Description
id NSString Invitation ID
callback ActionCallback Callback for the operation

TRTCVoiceRoomDelegate Event Callback APIs

Common Event Callback APIs

onError

Callback for error.

This callback indicates that the SDK encountered an unrecoverable error. Such errors must be

listened for, and Ul reminders should be sent to users depending if necessary.

- (void)onError: (int)code
message: (NSString*)message
NS_SWIFT NAME(onError(code:message:));

The parameters are as detailed below:

Parameter Type Description

code int Error code

message NSString Error message
onWarning

Callback for warning.
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- (void)onWarning: (int)code
message: (NSString *)message
NS_SWIFT NAME(onWarning(code:message:));

The parameters are as detailed below:

Parameter Type

code int

message NSString
onDebuglLog

Callback for log.

- (void)onDebuglLog: (NSString *)message
NS_SWIFT NAME(onDebuglLog(message:));

The parameters are as detailed below:

Parameter Type

message NSString

Room Event Callback APIs

onRoomDestroy

Tencent Real-Time Communication

Description
Error code

Warning message

Description

Log information

Callback for room termination. When the owner terminates the room, all users in the room will

receive this callback.

- (void)onRoomDestroy: (NSString *)roomld
NS _SWIFT NAME(onRoomDestroy(roomId:));

The parameters are as detailed below:

Parameter Type
roomid NSString
onRoominfoChange

©2013-2019 Tencent Cloud. All rights reserved.

Description

Room ID

Page 356 of 777



@Tencent Cloud Tencent Real-Time Communication

Callback for change of room information. This callback is sent after successful room entry. The

information in roomInfo is passed in by the room owner during room creation.

- (void)onRoomInfoChange: (VoiceRoomInfo *)roomInfo
NS_SWIFT NAME(onRoomInfoChange(roomInfo:));

The parameters are as detailed below:

Parameter Type Description

roomIinfo VoiceRoomlInfo Room information

onUserMicrophoneMute

Callback of whether a user’'s mic is muted. When a user calls mutelLocalAudio , all members in the

room will receive this callback.

- (void)onUserMicrophoneMute: (NSString *)userId mute: (BOOL)mute
NS_SWIFT NAME(onUserMicrophoneMute(userId:mute:));

The parameters are as detailed below:

Parameter Type Description
userld NSString User ID
mute BOOL YES : muted; NO : unmuted

onUserVolumeUpdate

Callback of the volume of each member in the room after the volume reminder is enabled.

- (void)onUserVolumeUpdate: (NSArray<TRTCVolumeInfo %> *)userVolumes totalVolume: (NSInteger)totalV
olume

NS_SWIFT NAME(onUserVolumeUpdate(userVolumes:totalVolume:));

The parameters are as detailed below:

Parameter Type Description
userVolumes NSArray List of user volumes
totalVolume NSinteger Total volume. Value range: 0-100
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Seat Callback APIs

onSeatListChange

Callback for all seat changes.

- (void)onSeatInfoChange: (NSArray<VoiceRoomSeatInfo *> *)seatInfolist
NS_SWIFT NAME(onSeatListChange(seatInfolList:));

The parameters are as detailed below:

Parameter Type Description
seatinfoList NSArray<VoiceRoomSeatinfo> Full seat list
onAnchorEnterSeat

Someone became a speaker or was made a speaker by the room owner.

- (void)onAnchorEnterSeat: (NSInteger) index
user: (VoiceRoomUserInfo *)user
NS_SWIFT NAME(onAnchorEnterSeat(index:user:));

The parameters are as detailed below:

Parameter Type Description

index NSInteger Number of the seat taken

user VoiceRoomUserinfo Information of the user who took the seat
onAnchorLeaveSeat

A speaker became a listener or was moved to listeners by the room owner.

- (void)onAnchorLeaveSeat: (NSInteger) index

user: (VoiceRoomUserInfo *)user

NS_SWIFT NAME(onAnchorlLeaveSeat(index:user:));
The parameters are as detailed below:

Parameter Type Description

index NSInteger Number of the seat the user left
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Parameter Type Description
user VoiceRoomUserinfo Information of the user who left the seat
onSeatMute

The room owner muted/unmuted a seat.

- (void)onSeatMute: (NSInteger) index
isMute: (BOOL) isMute
NS_SWIFT NAME(onSeatMute(index:isMute:));

The parameters are as detailed below:

Parameter Type Description

index NSinteger The seat muted/unmuted

isMute BOOL YES: The seat was muted; NO': The seat was unmuted.
onSeatClose

The room owner blocked/unblocked a seat.

- (void)onSeatClose: (NSInteger) index
isClose: (BOOL) isClose
NS_SWIFT NAME(onSeatClose(index:isClose:));

The parameters are as detailed below:

Parameter Type Description
index NSinteger The seat blocked/unblocked
isClose BOOL YES : The seat was blocked; NO : The seat was unblocked.

Callback APIs for Room Entry/Exit by Listener

onAudienceEnter

A listener entered the room.

- (void)onAudienceEnter: (VoiceRoomUserInfo *)userInfo
NS_SWIFT NAME(onAudienceEnter (userInfo:));
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The parameters are as detailed below:

Parameter Type Description
userinfo VoiceRoomuUserinfo Information of the listener who entered
onAudienceExit

A listener exited the room.

- (void)onAudienceExit: (VoiceRoomUserInfo *)userInfo
NS_SWIFT NAME(onAudienceExit(userInfo:));

The parameters are as detailed below:

Parameter Type Description

userinfo VoiceRoomUserinfo Information of the user who left

Message Event Callback APIs

onRecvRoomTextMsg

Callback for receiving a text message.

- (void)onRecvRoomTextMsg: (NSString *)message
userInfo: (VoiceRoomUserInfo *)userInfo
NS_SWIFT NAME(onRecvRoomTextMsg(message:userInfo:));

The parameters are as detailed below:

Parameter Type Description
message NSString Text message
userinfo VoiceRoomUserinfo Information of the sender

onRecvRoomCustomMsg

Callback for receiving a custom message.

- (void)onRecvRoomCustomMsg: (NSString *)command
message: (NSString *)message
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userInfo: (VoiceRoomUserInfo *)userInfo
NS_SWIFT NAME(onRecvRoomCustomMsg(command:message:userInfo:));

The parameters are as detailed below:

Parameter Type

command NSString

message NSString

userinfo VoiceRoomUserinfo

Description

Custom command word used to distinguish between

different message types
Text message

Information of the sender

Invitation Signaling Callback APIs

onReceiveNewlnvitation

An invitation was received.

- (void)onReceiveNewInvitation: (NSString *)identifier

inviter: (NSString *)inviter
cmd: (NSString *)cmd
content: (NSString *)content

NS_SWIFT NAME(onReceiveNewInvitation(id:inviter:cmd:content:));

The parameters are as detailed below:

Parameter Type

id NSString

inviter NSString

cmd NSString

content NSString
oninviteeAccepted

The invitee accepted the invitation

Description

Invitation ID

Inviter’'s user ID

Custom command word specified by business

Content specified by business

- (void)onInviteeAccepted: (NSString %) identifier

invitee: (NSString %) invitee

NS _SWIFT NAME(onInviteeAccepted(id:invitee:));
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The parameters are as detailed below:

Parameter Type Description

id NSString Invitation ID

invitee NSString Invitee’s user ID
onlnviteeRejected

The invitee declined the invitation

- (void)onInviteeRejected: (NSString *)identifier
invitee: (NSString %) invitee
NS_SWIFT NAME(onInviteeRejected(id:invitee:));

The parameters are as detailed below:

Parameter Type Description
id NSString Invitation ID
invitee NSString Invitee’s user ID

onlnvitationCancelled

The inviter canceled the invitation.

- (void)onInvitationCancelled: (NSString *)identifier
invitee: (NSString *)invitee NS_SWIFT NAME(onInvitationCancelled(id:invitee:));

The parameters are as detailed below:

Parameter Type Description
id NSString Invitation ID
inviter NSString Inviter’'s user ID
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TRTCVoiceRoom (Android)

Last updated : 2022-01-05 15:51:32

TRTCVoiceRoom is based on Tencent Real-Time Communication (TRTC) and Instant Messaging (IM). Its
features include:

o A user can create an audio chat room and become a speaker, or enter an audio chat room as a
listener.

» The room owner can invite a listener to speak as well as remove a speaker.

« The room owner can also block a seat. Listeners cannot request to take a blocked seat.

» A listener can request to speak and become a speaker. A speaker can also become a listener.

« All users can send text and custom messages. Custom messages can be used to send on-screen
comments, give likes, and send gifts.

TRTCVoiceRoom is an open-source class depending on two closed-source Tencent Cloud SDKs. For the
specific implementation process, please see Audio Chat Room (Android).

« TRTC SDK: the TRTC SDK is used as a low-latency audio chat component.

« IM SDK: the AVChatRoom feature of the IM SDK is used to implement chat rooms. The attribute APIs
of IM are used to store room information such as the seat list, and invitation signaling is used to
send requests to speak or invite others to speak.

TRTCVoiceRoom API Overview

Basic SDK APIs

API Description

sharedlnstance Gets a singleton object.
destroySharedinstance Terminates a singleton object.
setDelegate Sets event callbacks.

setDelegateHandler Sets the thread where event callbacks are.
login Logs in.

logout Logs out.

setSelfProfile Sets profile.
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Room APIs

API
createRoom

destroyRoom
enterRoom
exitRoom

getRoomlinfolList

getUserlInfoList

Tencent Real-Time Communication

Description

Creates a room (called by room owner). If the room does not exist, the
system will automatically create a room.

Terminates a room (called by room owner).
Enters a room (called by listener).

Exits a room (called by listener).

Gets room list details.

Gets the user information of the specified userld . If the valueis null , the
information of all users in the room is obtained.

Seat management APIs

API
enterSeat
moveSeat
leaveSeat
pickSeat
kickSeat
muteSeat

closeSeat

Local audio APIs

API

startMicrophone
stopMicrophone
setAudioQuality

mutelLocalAudio

Description

Becomes a speaker (called by room owner or listener).
Changes the seat (called by speaker).

Becomes a listener (called by speaker).

Places a user in a seat (called by room owner).
Removes a speaker (called by room owner).
Mutes/Unmutes a seat (called by room owner).

Blocks/Unblocks a seat (called by room owner).

Description

Starts mic capturing.
Stops mic capturing.
Sets audio quality.

Mutes/Unmutes local audio.
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API Description

setSpeaker Sets whether to use the speaker or receiver.
setAudioCaptureVolume Sets mic capturing volume.
setAudioPlayoutVolume Sets playback volume.
setVoiceEarMonitorEnable Enables/Disables in-ear monitoring.

Remote audio APIs

API Description
muteRemoteAudio Mutes/Unmutes a specified member.
muteAllRemoteAudio Mutes/Unmutes all members.

Background music and audio effect APIs
API Description

Gets the background music and audio effect management object

getAudioEffectManager ,
TXAudioEffectManager.

Message sending APIs
API Description

Broadcasts a text message in a room. This APl is generally used for on-

sendRoomTextMsg
screen comments.

sendRoomCustomMsg Sends a custom text message.

Invitation signaling APIs

API Description
sendlInvitation Sends an invitation.
acceptlnvitation Accepts an invitation.
rejectinvitation Declines an invitation.
cancellnvitation Cancels an invitation.
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TRTCVoiceRoomDelegate API Overview

Common event callback APIs

API
onError
onWarning

onDebuglLog

Room event callback APIs
API
onRoombDestroy
onRoomInfoChange

onUserVolumeUpdate

Seat list change callback APIs

API Description

Description
Error
Warning

Log

Description
The room was terminated.
The room information changed.

User volume

onSeatListChange All seat changes

Someone became a speaker or was made a speaker by the room

onAnchorEnterSeat

owner.

Someone became a listener or was moved to listeners by the room
onAnchorLeaveSeat

owner.
onSeatMute The room owner muted a seat.

onUserMicrophoneMute Whether a user’'s mic is muted

onSeatClose The room owner blocked a seat.

Callback APIs for room entry/exit by listener

API

onAudienceEnter

Description

A listener entered the room.
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API Description

onAudienceExit A listener exited the room.

Message event callback APIs

API Description
onRecvRoomTextMsg Receipt of a text message
onRecvRoomCustomMsg A custom message was received.

Signaling Event Callback APIs

API Description
onReceiveNewlnvitation Receipt of an invitation
onlnviteeAccepted Invitation accepted by invitee
onlnviteeRejected Invitation declined by invitee
onlnvitationCancelled The inviter canceled the invitation.

Basic SDK APIs

sharedinstance

This APl is used to get a TRTCVoiceRoom singleton object.
public static synchronized TRTCVoiceRoom sharedInstance(Context context);
The parameters are as detailed below:

Parameter Type Description

Android context, which will be converted to ApplicationContext for the

context Context ,
calling of system APIs

destroySharedinstance

This APl is used to terminate a TRTCVoiceRoom singleton object.
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Note :
After the instance is terminated, the externally cached TRTCVoiceRoom instance can no longer

be used. You need to call sharedinstance again to get a new instance.

public static void destroySharedInstance();

setDelegate

This API is used to set the event callback of TRTCVoiceRoom. You can use TRTCVoiceRoomDelegate to

get different status notifications of TRTCVoiceRoom.

public abstract void setDelegate(TRTCVoiceRoomDelegate delegate);

Note :
setDelegate is the delegate callback of TRTCVoiceRoom

setDelegateHandler

This APl is used to set the thread where event callbacks are.
public abstract void setDelegateHandler(Handler handler);

The parameters are as detailed below:

Parameter  Type Description

The status notifications of TRTCVoiceRoom are sent to the handler

handler Handler )
thread you specify.

login

This APl is used to log in to the Tencent backend server.

public abstract void login(int sdkAppld,
String userId, String userSig,
TRTCVoiceRoomCal lback. ActionCal lback callback);

The parameters are as detailed below:
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Parameter  Type Description

You can view SDKAppID in Application Management >

sdkAppld int
PP Application Info of the TRTC console.

ID of current user, which is a string that can contain only letters

userld String .
(a-z and A-Z), digits (0-9), hyphens (-), and underscores ().
Tencent Cloud's proprietary security protection signature. For
userSig String more information on how to get it, please see How to Calculate
UserSig.
callback ActionCallback Callback for login. The code is 0 if login succeeds.
logout

This APl is used to log out of the Tencent backend server.

public abstract void Logout(TRTCVoiceRoomCallback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description
callback ActionCallback Callback for logout. The code is 0 if logout succeeds.
setSelfProfile

This APl is used to set the profile.

public abstract void setSelfProfile(String userName, String avatarURL, TRTCVoiceRoomCallback.Acti
onCal lback callback);

The parameters are as detailed below:

Parameter  Type Description
userName String Username
avatar String Profile photo address

Callback for profile setting. The code is 0 if the operation

callback ActionCallback
succeeds.
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Room APIs

createRoom

This APl is used to create a room (called by room owner).

public abstract void createRoom(int roomId, TRTCVoiceRoomDef.RoomParam roomParam, TRTCVoiceRoomCa
L Lback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description

Room ID. You need to assign and manage the IDs in a
centralized manner. Multiple roomID values can be
roomld int aggregated into a karaoke room list. Currently,
Tencent Cloud does not provide management services
for room lists. Please manage the list on your own.

Room information, such as room name, seat list
roomParam TRTCCreateRoomParam information, and cover information. To manage seats,
you must enter the number of seats in the room.

Callback for room creation. The code is 0O if the

callback ActionCallback )
operation succeeds.

The process of creating a karaoke room and becoming a speaker is as follows:

1. A user calls createRoom to create an audio chat room, passing in room attributes (e.g. room ID,
whether listeners require room owner’s consent to speak, number of seats).

2. After creating the room, the user calls enterSeat to become a speaker.

3. The user will receive an onSeatListChanget notification about the change of the seat list, and can
update the change to the Ul.

4. The user will also receive an onAnchorEnterSeat notification that someone became a speaker, and

mic capturing will be enabled automatically.

destroyRoom

This APl is used to terminate a room (called by room owner).

public abstract void destroyRoom(TRTCVoiceRoomCal lback.ActionCallback callback);

The parameters are as detailed below:
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Parameter Type Description
Il k f t ination. Th is 0 ifth ti
callback ActionCallback Callback for room termination e code is if the operation
succeeds.
enterRoom

This APl is used to enter a room (called by listener).

public abstract void enterRoom(int roomId, TRTCVoiceRoomCallback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description
roomld int Room ID

Callback for room entry. The code is 0 if the operation

callback ActionCallback
succeeds.

The process of entering a room as a listener is as follows:

1. A user gets the latest audio chat room list from your server. The list may contain the roomId and
room information of multiple audio chat rooms.

2. The user selects a room, and calls enterRoom with the room ID passed in to enter the room.

3. After entering the room, the user receives an onRoomInfoChange notification about room attribute
change from the component. The attributes can be recorded, and corresponding changes can be
made to the Ul, including room name, whether room owner’s consent is required for listeners to
speak, etc.

4. The user will receive an onSeatListChange notification about the change of the seat list and can
update the change to the Ul.

5. The user will also receive an onAnchorEnterSeat notification that someone became a speaker.

exitRoom

This API is used to exit a room.

public abstract void exitRoom(TRTCVoiceRoomCallback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description
it i< 0 .
callback ActionCallback Callback for room exit. The code is if the operation
succeeds.
getRoominfolList

This APl is used to get room list details. The room name and cover are set by the room owner via

roomInfo when calling createRoom() .

Note :
You don’t need this API if both the room list and room information are managed on your server.

public abstract void getRoomInfoList(List<{Integer> roomIdList, TRTCVoiceRoomCallback.RoomInfoCall
back callback);

The parameters are as detailed below:

Parameter Type Description

roomldList List<Integer> Room ID list

callback RoominfoCallback Callback of room details
getUserinfolist

This APl is used to get the user information of a specified userlId .

public abstract void getUserInfoList(List<String> userIdList, TRTCVoiceRoomCal lback.UserListCallb
ack userlistcallback);

The parameters are as detailed below:

Parameter Type Description

IDs of the users to query. If this parameteris null , the

userldList List<String> ) ) s ) )
information of all users in the room is queried.

userlistcallback UserListCallback Callback of user details
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Seat Management APIs

enterSeat

This APl is used to become a speaker (called by room owner or listener).

Note :
After a user becomes a speaker, all members in the room will receive an onSeatlListChange

notification and an onAnchorEnterSeat notification.

public abstract void enterSeat(int seatIndex, TRTCVoiceRoomCallback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description
seatindex int The number of the seat to take
callback ActionCallback Callback for the operation

Calling this API will immediately modify the seat list. In cases where listeners need the room owner’s
consent to take a seat, you can call sendInvitation first to send a request and, after receiving

onlnvitationAccept , call this API.

moveSeat

This APl is used to change one’s seat (called by speaker).

Note :
After the seat change, all users in the room will receive the onSeatListChange ,
onAnchorlLeaveSeat , and onAnchorEnterSeat notifications. This API will only change the user’s

seat number, not the user role.

public abstract int moveSeat(int seatIndex, TRTCVoiceRoomCallback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description
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Parameter Type Description
seatindex int The number of the seat to change to
callback ActionCallback Callback for the operation

Response parameters:

Parameter Type Description

Result of seat change. 0 : operation successful; 10001 : API rate limit
exceeded; other values: operation failed

code int

Calling this API will immediately modify the seat list. In cases where listeners need the room owner’s
consent to take a seat, you can call sendInvitation first to send a request and, after receiving
onlnvitationAccept , call this API.

leaveSeat

This APl is used to become a listener (called by speaker).

Note :
After a speaker becomes a listener, all members in the room will receive an onSeatListChange

notification and an onAnchorlLeaveSeat notification.

public abstract void leaveSeat(TRTCVoiceRoomCal lback.ActionCallback callback);

The parameters are as detailed below:

Parameter Type Description
callback ActionCallback Callback for the operation
pickSeat

This APl is used to place a user in a seat (called by room owner).

Note :
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After the room owner places a user in a seat, all members in the room will receive an

onSeatListChange notification and an onAnchorEnterSeat notification.

public abstract void pickSeat(int seatIndex, String userId, TRTCVoiceRoomCallback.ActionCallback
callback);

The parameters are as detailed below:

Parameter Type Description

seatlndex int The number of the seat to place the listener in
userld String User ID

callback ActionCallback Callback for the operation

Calling this API will immediately modify the seat list. In cases where the room owner needs 