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INTRODUCTION 
This document will help you succeed in broadcasting an event to Twitch. The audience for this document is 
high-end production broadcasters, like the television industry. The document has three main sections, for different 
groups in your organization: production, encoding, and transmission. In addition, the optimizations at the end (for 
Windows and BIOS) prevent many common “gotchas” that can arise when streaming. 

Support 

We hope this document improves your production setup for streaming, but sometimes the world of production is 
not that smooth. Twitch has an entire Event Engineering team dedicated to helping you resolve broadcast issues 
— the areas covered in this document and much more. Email us: 
 
eventengineering@twitch.tv 
 
The Event Engineering team prefers to work proactively, so don’t hesitate to reach out to us with general 
questions about Twitch, encoding, or best practices. Also send any feedback on this document, so we can 
improve it to better meet your needs. 

WHAT IS TWITCH? 
Twitch is one of the largest live-streaming platforms in the world. Founded in June 2011, Twitch is the world’s 
leading social video platform and community for gamers, video-game culture, and the creative arts. Every day, 
close to 10 million visitors gather to watch and talk about video games with more than 2 million streamers. Twitch 
serves video over the Internet to a staggering number of viewers, from a large number of broadcasters worldwide, 
on our global network. 
 
Twitch is social. Our embedded chat enables viewers to interact with broadcasters and each other. This 
functionality provides an opportunity for broadcasters to better understand their viewers. Although chat can be 
noisy, it is an invaluable troubleshooting tool, as it provides an overview of what users are encountering. For 
example, if many of your chat users are writing “LAG” over a period of time, you probably need to do some 
troubleshooting. 
 
What makes Twitch different to produce for than other platforms? Twitch’s audience has high expectations for 
quality, latency, and communication. Since most of our broadcasters are very good in these areas, the audience 
expects larger broadcasters to follow the same example. This document goes through common issues in 
transitioning a traditional broadcast to Twitch, while providing clear recommendations for ensuring your broadcast 
is well received from a technical standpoint. 
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PRODUCTION 

Image Quality Optimization 

Twitch is a Purely Progressive Video Platform 

To stream successfull on Twitch:  
 

● Use 720p or 1080p. 
● Avoid interlaced video at any step in the production chain, for the game footage. 

 
Twitch does not support interlaced video and does not intend to add such support. Our focus, gaming content, is 
fast, complex, and dynamic; it rarely contains static scenes. Progressive video is optimized for this type of 
content. Also, H.264, the video codec distributed by Twitch, has no real interlacing support, so interlaced video is 
hard to decode on all the devices Twitch supports. 
 
Therefore, we require that you keep your entire production chain progressive. If your broadcast switches between 
interlaced and progressive, it will experience a significant loss of quality. 
 
The Twitch audience is very different than the traditional television audience: the Twitch audience knows exactly 
how the uncompressed footage of their game should look, In contrast, very few traditional TV viewers have ever 
seen an uncompressed SDI feed. Many Twitch viewers not only watch games being played, they play the games 
themselves. Our audience spots quality issues and is very vocal about pointing them out. In addition, the Twitch 
audience associates the quality of your video with your brand, making it even more important to avoid interlaced 
video. 
 
We strongly discourage you from deinterlacing your game footage before encoding, as this often adds a small blur 
to sharp motion; in gaming, this is exactly when you need the best possible visual fidelity. Instead of deinterlacing 
and if 1080p5994 (1080p60) is not an option, it is much better to reduce your resolution to 720p5994 (commonly 
known as 720p60) than to stream at 1080i5994 (1080i60). Many production companies make the mistake of 
deinterlacing, and even the best deinterlacers still disappoint many Twitch viewers with their image quality.  
 
If some of your video sources require 1080i and cannot be changed due to limitations on the hardware or 
workflow, we recommend that you produce the game feed out of band, to ensure the game has a progressive 
path through Twitch. Here is an example of such a production chain: 
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Improving Your Image Signal Before Encoding 

The encoder decreases bitrate by: 
 

● Distinguishing signal from noise, then  
● Removing redundant data and compressing it efficiently over time; this means being smart by encoding 

only changes between frames. 
 
The encoder does a very good job, as shown by the high quality of x264 video. 
 
De-noising. The first step to optimizing game content for encoding is hardware de-noising. One way to achieve 
this is to use a BlackMagic Design Teranex AV. Devices like this remove sharp edges, like grass textures, which 
signal to the encoder areas of the image that are less important in the encoding process. This technique works 
well and is used by several large event organizers to get their stream looking as crisp as possible. 
 
Traditional television versus streaming. In traditional television, there is a safe area — part of the frame that is 
visible on a TV set after overscanning. In contrast, streaming video has a 1:1 pixel ratio and no concept of a safe 
area. 
 
Many games have important information on the top or bottom left of the screen. To preserve this, you must verify 
that your signal looks good on regular broadcast monitors. Be sure to check the image at the encoder level, as the 
encoder does not crop the image like some safe-area monitors. Usually, broadcast monitors are set to remove 
part of the image and view just the safe area, to emulate how a consumer sees it. The encoder sees exactly what 
the viewer will see. If the image is cropped at the edges, your viewers will miss the most important information in 
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the game. Since Twitch cannot apply any underscanning to the image after it is encoded, you must make sure this 
signal path works. 
 
The ñconfetti effect.ò Because encoders cannot easily predict the movement of confetti, confetti stresses the 
encoder and dramatically reduces video quality.  
 

 
 
To avoid this, think ahead about your stage production. If confetti is an important part of your production, plan a 
longer prize ceremony, so you can get good shots of the player holding the trophy, without the confetti destroying 
your compressed image. 

Audio Mastering 

Always measure the final output in dBFS and master your audio according to these guidelines: 
 
Peak: -3 dBFS (strict, brick-wall ceiling with compressor) 
Medium: -8 dBFS 
Lowest during speech: -14 dBFS 
Lowest during background music: -21 dBFS 
Silence: -∞ dBFS 
 

 
Compared to a traditional broadcast medium, the signal you send as a broadcaster reaches the consumer without 
any normalization or processing on our end. It is a pure broadcaster-to-audience flow, which means the audio you 
output is exactly what the audience hears on their playback devices. There is no post processing and no MCR 
audio adjustments (such as +12 padding) to the original audio stream. 
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The Twitch audience also consumes the material on a different set of devices, compared to traditional broadcasts: 
laptop speakers, desktop headset, game consoles, mobile phones, and tablets. Mastering for these devices 
differs significantly from mastering for a linear TV set. Our devices deal with dBFS all the way from encoder to 
player and usually do not have any “gain” further than 0 dBFS. dBFS means we operate in a purely digital domain 
end to end and the normal broadcast standards (EBU, SMPTE, ARD, VRT) do not translate well to the Web as a 
stack. This limitation of computers is mostly a relic from the CD age, when the loudness wars limited the use gain 
within laptop speaker drivers, creating a very low threshold for a “loud” volume. 
 
This discussion is only about the levels of the digital signal. Depending on your audio chain and wherever else 
you send audio to, you may need to create different submixes with appropriate output levels. 

Keep the Audio within the Digital Realm 

You can take advantage of the fact that most professional audio mixers do digital mixing and processing. You 
need not deal with differences in level, phase issues, distortion, and noise that can come from doing an analog 
cable run to the audio embedder/encoder. 
 
Most digital audio mixers support sending audio via AES/EBU over standard XLR cables. AES/EBU (AES3) works 
with regular XLR cables over short distances and carries stereo signal via digital audio. Most audio embedders 
support AES/EBU by just setting a switch or configuring it in software. 
 
We highly recommend you send audio over AES/EBU, for several reasons: 
 

● Master program levels on the audio mixer directly match what comes out. There is no Line level or Mic 
level configuration; it is the same PCM audio that the mixer is processing. 

 
● You are protected against noise, humming, and popping. Since the cable transmits the audio digitally, the 

audio comes through as clear as the audio engineer hears it. The audio engineer can be confident of his 
mix and need not constantly monitor the site for problems in the analog chain after the audio mixer. 

 
● Sending the signal digitally eliminates most of the noise and humming that comes from differences in 

ground potential. This makes the audio enjoyable over longer periods of time. 
 
Once the audio is embedded (by using a device like BlackMagic Design Teranex Mini - Audio to SDI or AJA 
3G-AM), the signal behaves like normal embedded audio over SDI transmission. There is no need to rework the 
rest of the system flow to support this. 

Monitor Audio Phase to Avoid Phase Cancellation 

A common problem is out-of-phase audio. To prevent this, do not use analog: maintain a purely digital signal path, 
as discussed above. 
 
In most cases, however, the setup is a mixture of analog and digital. In this case, when two in-phase audio signals 
are added together, the result is louder than the input. When two out-of-phase audio signals are added together, 
the opposing signals cancel each other out, resulting in little or no sound; this is phase cancellation. The audio 
sounds fine through the mixing console at the venue, but viewers may report that they hear the music but not the 
voices of people in the broadcast. Or you may hear the audio just fine on your computer but viewers complain 
about it on mobile. 
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Phase cancellation due to mono summation may occur in various situations, such as when mobile phones or 
tablets are used. These have only a mono speaker and must combine the left and right channels of stereo audio 
down to a single channel. Some less expensive laptops perform mono summation. 
 

 
 
Phase cancellation issues can be hard to diagnose at the mixer. From the viewpoint of the audio engineer, the 
mix is fine. This means the issue is either in the pipeline after the mixer or at Twitch. Since Twitch does not do any 
audio post processing, the issue is hard to debug in a live environment. 
 

 
 
Phase cancellation usually arises at one of the two locations noted above: 
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1. The cables from the audio mixer. Old XLR cables or XLR -> balanced 6.3mm (1/4 inch) phono jacks 
tend to break when the internal solder wears out at the connector. This causes one of the conductors to 
break, while still transmitting half of a balanced signal, causing the end signal to be out of phase. 
 
Another possibility is that the transmitter sends unbalanced stereo over one XLR, but the receiver expects 
balanced mono. 

 
2. The embedder itself. The 6.3mm (1/4 inch) jacks develop loose connections over time. Also, there might 

be a mismatch between the tolerances of the cable and of the jack. To fix this, try replacing the cables 
causing the issues. If the problem persists, replace the embedder or use another embed path to the 
encoder (for example, XLR directly to the encoder). 

 
If you encounter these issues or want to catch them early, use an audio monitor that can plot an X-Y graph. To 
view the data and visually identify if a signal is out of phase, there are free software tools (such as Flux Stereo 
Tool v3) and hardware tools (such as BlackMagic Design SmartScope Duo 4K). Here is how a mono signal (such 
as a caster microphone) looks when it is in and out of phase. You should monitor this at the end stage. 
 

 

Audio Synchronization 

Another common problem with broadcasting over the Internet is audio and video that are out of sync. If audio 
“drifts” from the video, viewing is severely disrupted. The human brain is very good at detecting this, for example 
in scenes of people speaking or, in games, when guns are fired. It is important to make sure your audio is in sync. 
 
Twitch does not add any audio delay to the feed we serve to viewers: what we receive from the broadcaster is 
what the viewer gets. 
 
Synchronization issues can be caused by hardware and/or software in your production chain, which makes it 
important to understand the entire chain and start debugging at the beginning of it. Be sure to measure the end 
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result that comes out on the actual stream, as the encoder might add delay or cause audio drift which cannot be 
detected on the SDI signal. 

How to Measure Audio Delay 

There are two good ways to determine the delay in your audio: 
 

● Use a Twitch synchronization test Clip (see below), which plays back a sound and shows you when this 
sound is supposed to happen on a timeline. This is the best way to achieve perfect audio/video sync. 

 
● With a person in front of the camera, make an audible clap (using a clapperboard or hands), while 

production staff watch the stream to see how closely the audio and video are synced. This approach is 
easy to do, but it is hard to achieve perfect sync this way. 

Twitch Synchronization Test Clip 

 
 
To measure delay, Twitch provides a test Clip: 
 
Web version: http://link.twitch.tv/synctest-web 
H.264 MP4 version: http://link.twitch.tv/synctest-h264 
Apple ProRes 422 version: http://link.twitch.tv/synctest-prores 
 
The Clip has some features that help you determine how “in-sync” your production chain is: 
 

● An audio blip is played each second. It should play at the same time as the visual markers fire. To easily 
determine if the delay is within “one cycle,” the audio varies in pitch over 4 seconds, with the first marker 
higher in pitch than subsequent markers. 
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