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Abstract
Collaborative streaming has emerged as a popular mode in
modern live streaming applications. In the meanwhile of im-
proving interactivity between broadcasters and viewers, it
requires the live streaming architecture to smoothly switch
between two streaming modes (e.g., traditional live streaming
with a single broadcaster and collaborative streaming with at
least two collaborative broadcasters). In this paper, we present
AnchorNet, the new live streaming architecture for one of the
most popular streaming applications. The core of AnchorNet
is a unified stream path from the broadcaster to the viewer, en-
abling the host broadcaster of a live channel to switch between
streaming modes within a continuous application session. It
also proposes audio stream splicing techniques to further
minimize unpleasant audio glitches during streaming mode
switching. Practical deployment shows that AnchorNet can
significantly reduce rebuffering during mode switching by
over 60%, and increase user engagement by up to 3.83%.

1 Introduction
Thanks to advanced social media platforms (e.g., Instagram,
TikTok, Twitch, etc.), live streaming is no longer exclusive
to large events and professional media production, and has
become easily accessible to individual broadcasters with their
own camera and microphone feeds [1]. Furthermore, driven
by user needs for enhanced interactivity and engagement,
collaborative streaming has been an integrated feature on
many platforms (e.g., [2–4]). A viewer has the opportunity
to share personal stories with other audience when invited
by host of a live channel as a collaborative broadcaster (co-
broadcaster). Multiple hosts can audio/video chat with each
other (e.g., online karaoke) while streaming together to their
perspective channels.

Compared with traditional single-broadcaster live stream-
ing1, collaborative streaming presents media contents from
multiple co-broadcasters, and induces several new challenges
to the live streaming architecture.
• It introduces the task of stream mixing. The live stream-

ing architecture needs to determine where to mix media
streams of co-broadcasters before they are rendered at view-
ers. There is no optimal choice among the three options: on

*Wei Zhang is the corresponding author: zhangwei.666@bytedance.com
1Henceforth, when referring to mode of live streaming, we directly use

live streaming to represent the scenario with a single broadcaster.

broadcaster side, on server side, or on viewer side. Each of
them faces tradeoffs between user experience and cost.

• It requires the WebRTC stack to fulfill more stringent la-
tency requirements between co-broadcasters. Considering
that many major applications still heavily rely on RTMP
and HTTP-based ingest and distribution for the basic live
streaming mode [5–7], a possibly additional protocol stack
increases the implementation complexity.

• A live channel should be able to smoothly switch between
the two streaming modes. As the host broadcaster interacts
with different viewers and friends, viewers should perceive
as little choppy audio or frozen video as possible.

As one of the primary social media platforms, TikTok adopts
server-side stream mixing to serve over 1 billion users. Such
a design choice aims to avoid setting barriers on user device
performance, and to mitigate server-side burdens from serving
massive stream subscriptions.

Our first-generation live streaming architecture, DualNet,
as its name suggests, is based on decoupled implementations
for live and collaborative streaming. Of the two modes, we
first launched live streaming. Therein, a broadcaster directly
publishes an RTMP stream to CDN for cost-effective distri-
bution to viewers. Like many live streaming platforms [8, 9],
AAC audio codec [10] is used end-to-end. Then, when extend-
ing to collaborative streaming several years later, we lever-
aged RTC media servers to exchange RTP streams between
co-broadcasters. Similar to many RTC applications [11–14],
co-broadcasters change to Opus audio codec [15], because
it has superior encoding latency, compression ratio, and er-
ror resilience. Meanwhile, to be compatible with the original
live streaming mode, RTP streams from a live channel are
mixed and transcoded to an AAC-encoded RTMP stream on
the server side as the ingest to CDN for distribution.

DualNet resulted from our engineering decision not to alter
basic live streaming implementation while additively rolling
out collaborative streaming. However, it makes switching be-
tween the two streaming modes quite complicated. Due to its
decoupled form, viewers effectively subscribe to two different
streams when a channel switches between live and collabora-
tive streaming, which follow different publishing and ingest
paths to CDN. The two modes also require different trans-
port protocols and audio codecs to be used by broadcasters.
Consequently, audio and video rebuffering tends to occur
during mode switching. What is worse, optimizations atop
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such a decoupled architecture usually involve complicated
coordination between multiple components, each correspond-
ing to a separate internal code repository. That adds to both
development and maintenance overheads.

Therefore, as our user traffic continues to expand, we seek
to evolve TikTok’s live streaming architecture, and build An-
chorNet in order to toggle the streaming mode more smoothly.
While doing so, we retain the design choice of server-side
stream mixing in collaborative streaming. Lessons learned
from DualNet further yield three objectives.

• We prefer to preserve an identical publishing path to CDN
in both streaming modes. Each live channel only ingests to
a single CDN node, eliminating origin re-addressing during
a host broadcaster session. That facilitates in-order delivery
of packets belonging to different modes.

• The broadcaster may maintain the same application session
throughout the streaming process. Otherwise, upon entering
a new streaming mode, the switchover delay from ramping
up a separate congestion controller increases the risk of
rebuffering. That requires the broadcaster to rely on the
same set of application and transport protocols.

• No valid audio signal is lost, and audio glitch is minimized
even if host broadcaster of a channel changes audio codec
along with streaming mode. That is not possible with the
broadcaster simply switching the codec, because of encoder
delay [16] inherent to most audio encoding algorithms.

AnchorNet unifies the architecture for basic live streaming
and collaborative streaming, and meets all the above objec-
tives. We do not claim it to be the optimal solution in all cases.
Yet it provides insights on the feasibility of large-scale col-
laborative streaming deployment based on server-side stream
mixing. To the best of our knowledge, we are the first to share
practical experiences on extending live streaming architecture
to support collaborative streaming. Our main contributions
are highlighted as follows.

• The AnchorNet architecture uses RTC servers as the bridge
between broadcasters and CDN, so that the channel host
publishes to the same CDN node in an uninterrupted session
when the streaming mode switches repeatedly.

• We propose audio sample-level operation techniques to
resolve inherent issues of audio codecs such as encoder
delay. Through coordination between broadcaster and RTC
server, the host broadcaster’s audio samples in different
streaming modes can be seamlessly spliced, e.g., no silence
is inserted and no valid audio signal is discarded.

• We evaluate the performance of AnchorNet in large-scale
practical deployment. Compared with DualNet, it signif-
icantly improves the smoothness of user experience, e.g.,
the rebuffering time during streaming mode switching is re-
duced by over 60% and up to 78.9%. That also contributes
to a 2.15% and 3.44% increase in per co-broadcaster and
per viewer engagement, respectively.

This work does not raise any ethical issues.

2 Design Choice on Where to Mix Stream

In fact, we have implemented all three options on stream
mixing aimed at various application scenarios. For example,
co-broadcasters fetch and render each other’s streams inde-
pendently, effectively leveraging viewer-side stream mixing.
We start with a comprehensive analysis of the rationale be-
hind the foremost design choice in both generations of our
live streaming architecture: server-side stream mixing before
delivering to viewers in collaborative streaming.

2.1 Server Side vs. Broadcaster Side

With broadcaster-side stream mixing, the host broadcaster
of a live channel uploads at least two streams in collabo-
rative streaming: one personal stream fed to the other co-
broadcasters, the other mixed stream for viewers. It offers
several advantages over server-side stream mixing.
• The server side only has two roles: 1) RTC SFU (Selec-

tive Forwarding Unit) that forwards streams between co-
broadcasters, and 2) CDN for distribution to viewers. No
stream mixing is needed, saving cost on server machines.

• The host broadcaster controls timing and smoothness of
switching between streaming modes at the source. The
above two server-side roles remain largely independent. So
does the development of live and collaborative streaming.
However, we assess that its issues outweigh the advantage.

• Broadcaster-side stream mixing increases computation
overhead and battery power consumption on user device.
The maximum number of co-broadcasters may thus be lim-
ited by the performance of user device. We do not want to
discourage potential users, e.g., those with relatively mod-
erate smartphones. Nor do we like such a barrier when we
extend to more complex streaming scenes in the future.

• The broadcaster will have to maintain two uplink connec-
tions in collaborative streaming. In case of restrictive first-
mile bandwidth, the bitrate received by viewers will approx-
imately be halved compared to that in live streaming mode.
Besides, the congestion controllers of the two connections
compete with each other, impacting stability of both.

• Compared with the server-side option, the stream mixing
task is delayed by an one-way latency at the access link,
while waiting for the host broadcaster to gather the streams
of other co-broadcasters from the connected SFU. The tail
latency over 100 milliseconds on the rapidly fluctuating
access link [17, 18] makes viewer experience more fragile.
To show its overhead more intuitively, we evaluate a

broadcaster-side stream mixing prototype. When we increase
the number of co-broadcasters from 2 to 9, the trends of
CPU and memory usage on the host and the first guest co-
broadcaster are shown in Figure 1. Taking the difference of
their CPU usage at the start of the trial, the stream mixing
task needs about 15% CPU time at the host broadcaster. Hav-
ing 7 more co-broadcasters consumes 15% CPU time on the
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Figure 1: Overhead of broadcaster-side stream mixing:
measurements start with a host broadcaster and a 2nd co-
broadcaster, with the join time of subsequent co-broadcasters
explicitly marked (30-second average CPU/memory usage
shown in thicker lines)

host’s device, and less than 5% on the guest co-broadcaster.
In the end of the trial, the host broadcaster consumes an ad-
ditional 25% CPU time on average compared with the guest
co-broadcaster, and the temporary CPU usage even reaches
90%. Meanwhile, the host needs more than 250 MB memory
in extra. All co-broadcasters (including the host) use Xiaomi
14 smartphones in our test. The 25% CPU time fully occupies
2 out of the 8 CPU cores. That would exceed the capacity of
some low-price smartphones released several years ago.

In addition, there can easily be at least an order of magni-
tude more viewers than co-broadcasters per channel. There-
fore, server-side cost of stream mixing may be amortized by
serving a large number of viewers, generating positive ROI
(Return on Investment) given our user population.

2.2 Server Side vs. Viewer Side
The so-called viewer-side stream mixing actually does not in-
volve the task of mixing and transcoding co-broadcasters’
streams. Instead, each viewer directly renders multiple
streams after decoding them. Thus, its most important ad-
vantages are shorter end-to-end delay and reduced server-
side computation. By fetching independent co-broadcasters’
streams to viewers, it also has the benefit of a customizable
user interface. Its issues are listed below.
• The media streams of co-broadcasters can be distributed to

viewers via SFU or CDN. An SFU-based realization effec-

tively implements a live channel as a multi-party conference
room [19, 20]. It requires us to deploy dramatically more
RTC servers to accommodate all the viewers, and signal
the connection and disconnection of each co-broadcaster
to orders of magnitude more users. So it is not as viable as
CDN-based distribution, where we can leverage plenty of
3rd-party CDN providers to lower our expenses.

• In collaborative streaming, a viewer needs to subscribe to
the same number of streams as co-broadcasters. Even if we
ignore the complexity of signaling those streams to all the
viewers, multiple per-co-broadcaster streams tend to lower
compression efficiency [21] and consume more bandwidth
than a mixed stream. That pulls up bandwidth cost on both
server side and viewer side.
We do not list the issue of requirements on viewer device

performance. Because unlike the broadcaster and server-side
options, viewer does not need to re-encode and forward the
received streams. As demonstrated by CPU and memory con-
sumption of the guest co-broadcaster in Figure 1, receiving,
decoding and rendering streams of several co-broadcasters
only mildly raises the pressure on device performance.

Again, there is usually a disparity in the order of magnitude
between the number of viewers and co-broadcasters. It is not
uncommon for a live channel to have thousands of concurrent
viewers. At that scale, the increased bandwidth cost by viewer-
side stream mixing may outweigh its savings of computation
overhead compared with server-side stream mixing.

We should note that our considerations on where to mix
streams represent one perspective among many. We no-
tice some platforms make the same choice of server-side
stream mixing (e.g., Tecent TRTC [22], Alibaba ApsaraVideo
RTC [23]), but developers may find client-side options more
suitable provided different deployment focus.

3 Background

3.1 Decoupled DualNet Architecture

Our first-generation live streaming architecture is depicted in
Figure 2. We strengthen several key points here.
RTC server roles. A proportion of server instances are used
as RTC servers. They may be assigned two roles, including
SFU and MCU (Multipoint Control Unit) media servers. Simi-
lar to a typical multi-party conferencing setup, cascaded SFUs
forward RTP streams between co-broadcasters without de-
coding them [20]. Each live channel further selects an MCU
to gather co-broadcasters’ RTP streams from SFUs, where
compute-intensive tasks such as steam mixing are accom-
plished. The MCU server also ingests the mixed stream to
CDN in collaborative streaming.
Broadcaster codecs. In our DualNet implementation, the
audio codec used by broadcasters is statically determined by
the streaming mode, i.e., AAC in live streaming and Opus in
collaborative streaming. The video codec should otherwise
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Figure 2: DualNet live streaming architecture

adapt to capabilities on various devices. As exemplified in
Figure 2, the host broadcaster of a channel may negotiate
a different video codec with invited co-broadcasters (H264)
from the one already used by ongoing live streaming (H265).
Consistent codecs to viewers. From the perspective of CDN,
the output audio and video codecs of a channel remain un-
changed throughout each broadcast. If a host broadcaster
changes codecs upon entering collaborative streaming, the
RTC MCU media server should conduct transcoding while
mixing streams (H264/Opus to H265/AAC in Figure 2) and
ensure codec consistency. Then, when the channel returns
to live streaming mode, its host broadcaster may also switch
back to original codecs. Without changing codecs, broadcast-
ers can always adapt some detailed configurations, e.g., they
can use larger GOP (Group of Pictures) and enable B-frames
in reaction to decreased access bandwidth.
Distribution Protocols. Technically, any protocol supported
by CDN can be used for distribution to viewers, e.g., RTP if
leveraging recent CDN feature of low-latency streaming [24].
We use HTTP FLV to ensure backward compatibility, because
it has served our live streaming viewers for years at the time
we rolled out collaborative streaming. In the meanwhile, CDN
may record and store the live streams in other formats (e.g.,
HLS). The host broadcaster of a channel can make some
history live clips available for on-demand replay afterwards.

3.2 Issues of DualNet
To motivate architecture redesign, we elaborate on critical
issues of DualNet during streaming mode switching.
CDN ingestion node change. In live streaming mode, the
broadcaster queries an edge CDN node through DNS. When
it comes to collaborative streaming, our logically centralized
scheduling backend allocates an ingestion node in CDN based
on proximity of the MCU server. Although the allocation
refers to the edge node assigned in live streaming, it may
still have to select a different node. Below are two example
scenarios where that happens.
• There are CDN PoPs (Points of Presence) but no RTC

servers in the country of the broadcaster. Detouring to the

same CDN ingestion node as in live streaming mode in-
duces additional transport delay.

• The MCU server and the original edge CDN node belong to
two poorly peered ISPs, and the path between them suffers
from high packet loss or fluctuating RTT.

Thus, CDN may have to splice two RTMP streams ingested
from different locations into a single stream for distribution.
That increases engineering workloads and risk of rebuffering.

Different publishing paths. Even if a channel always in-
gests to the same CDN node, the two streaming modes still
have separate publishing paths from the broadcaster to the
ingestion node. In particular, the publishing path in collab-
orative streaming involves multiple transport connections,
running over two transport protocols. There is not necessar-
ily a straightforward way to coordinate and migrate states
between several independent congestion controllers, not to
mention the delay from establishing a new connection at least
during the first streaming mode switching. In the worst case,
both the RTP streams from co-broadcasters and the mixed
stream by MCU have to go through slow start upon entering
collaborative streaming, leading to degraded bitrate and even
rebuffering. Additionally, inconsistent delay on the two pub-
lishing paths is likely to cause out-of-order arrival of media
frames, e.g., the first collaborative streaming frame may arrive
at the ingestion node earlier than the last live streaming frame.
That adds to the complexity of session switchover.

Implementation ossification. Ironically, DualNet’s decou-
pled implementations for the two streaming modes leave us
with multiple tightly coupled components, complicating opti-
mization of user experience during streaming mode switch-
ing. For instance, to adapt to updated interfaces of a 3rd-party
CDN provider, both our broadcaster-side and RTC server
SDKs must be modified. Moreover, the application logic at
the broadcaster calls separate SDKs for live streaming and col-
laborative streaming. In large-scale systems, that often results
in ossification. For more efficient iteration of new features
and optimizations, we are devoted to reduce inter-component
coupling by a unified live streaming architecture.
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Figure 3: AnchorNet live streaming architecture (Key differences from DualNet marked in red dashed boxes)

4 AnchorNet Architecture
We name the new live streaming architecture AnchorNet (Fig-
ure 3). Drawing lessons learned from the first-generation
architecture, it follows one most important principle, i.e., to
unify the publishing path from the broadcaster to CDN. For
that purpose, RTC SFU is introduced into the publishing path
as the “anchor” in both streaming modes. That not only alle-
viates the challenges of aligning two streams from separate
paths, but also helps mitigate coupling between components.

In this section, we walk through key details of AnchorNet,
focusing on our underlying considerations.

4.1 Same Publisher to CDN
A unified publishing path should have the same publisher to
CDN in both streaming modes. Provided server-side stream
mixing in collaborative streaming, if the channel host is the
publisher, the mixed stream will have to be forwarded back to
the broadcaster before being published to CDN. That shares
many drawbacks of broadcaster-side stream mixing (§2.1).
Thus, the RTC server should act as the publisher to CDN.

Then, among the two roles of RTC server, MCU is not in-
volved in live streaming mode. According to our current traffic
data, live streaming still accounts for a much higher volume
than collaborative streaming. Therefore, we assign the CDN
publisher role to SFU media server. As shown in Figure 3,
an MCU server paired with a channel feeds the transcoded
mixed stream back to the SFU serving the host broadcaster,
instead of directly ingesting to CDN as in DualNet. However,
the round trip between SFU and MCU induces additional
delay to collaborative streaming, especially considering that
MCU servers are mostly centrally deployed now. We antici-
pate that the additional delay may decrease with increasing
deployment of edge computing servers [25–28]. Yet at the
moment, we rely on the jitter buffers within CDN and at the
viewer to prevent such a round trip from inducing rebuffering
when switching from live to collaborative streaming.

We also note that when switching between streaming
modes, SFU should guarantee that the ingestion node in CDN

sees consecutive sequence numbers.

4.2 Protocols for CDN Ingest
With an RTC SFU media server sitting between the broad-
caster and CDN on the publishing path, there are two scenar-
ios where a protocol needs to be selected: 1) the protocol used
by the broadcaster to publish to SFU, and 2) that used by the
SFU to ingest to CDN.

First, given that co-broadcasters exchange streams using
RTP, we escalate RTP to be the unified uplink protocol for
broadcasters across the two streaming modes. By doing so, a
channel host can broadcast a continuous RTP stream in the
same session while switching between modes, without the
need to establish another transport connection. A side benefit
is that the live streaming mode can leverage self-developed
and optimized congestion control algorithms in user-space,
instead of limited to those less frequently updated algorithms
supported by kernel on user devices.

As for the ingest protocol from SFU to CDN, an important
objective is to ensure compatibility with most CDN providers.
Considering that RTMP-based ingest has been supported by
almost all CDN providers [29–32] for years and Internet paths
between RTC and CDN servers tend to be more stable than
first/last-mile access links, SFU continues to use RTMP to
push media streams to CDN. A benefit of using RTMP as the
ingest protocol is that it requires minimal modification to our
previous implementation on CDN and viewer side.

4.3 Selection of Audio Codecs
The principal differences between AnchorNet and DualNet
are explained above in §4.1&4.2. On that basis, we stick with
the selection of audio codecs in DualNet. On the broadcaster
side, Opus is used for collaborative streaming, and AAC is
used for live streaming. On the server side, AAC is used for
CDN ingest. Correspondingly, MCU needs to transcode and
mix Opus audio streams of all co-broadcasters of a channel
into an AAC stream in collaborative streaming.

We do not adopt an all-Opus scheme, mainly because the
AAC codec is still much more widely compatible with RTMP,
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albeit some explorations into extending RTMP to support
contemporary codecs including Opus [33]. Considering that,
we did not unify the host-side audio codec to Opus, either.
That would extend the expense of MCU transcoding from
collaborative streaming mode only to both streaming modes.
It could lead to a significant server-side cost increment, be-
cause the duration of live streaming is generally longer than
collaborative streaming in our production environment. In
the long term, we would certainly like to have a single audio
codec in most cases, regardless of the streaming mode.

4.4 Mitigated Ossification
AnchorNet does not eliminate coupling components totally.
As will be explained in §5, the broadcaster and the RTC
servers still need to coordinate in audio stream splicing. How-
ever, it mitigates implementation ossification, indeed. The
broadcaster logic always runs on RTC SDK now, and does
not need to maintain two sets of transport protocols and con-
gestion control algorithms depending on the streaming mode.
More importantly, with RTC SFU as the only CDN publisher,
the broadcaster does not directly interact with CDN any more.
That simplifies many tasks such as scheduling among multiple
CDNs and debugging between server-side and broadcaster-
side issues. To be specific, we contract with different 3rd-party
CDN providers for enhanced fault tolerance. When a CDN
cluster of a provider encounters connection issues in the in-
gest direction, both fault localization and temporary blacklist
update happen on server side in AnchorNet. No patches to
user-facing modules are needed as with DualNet.

5 Audio Stream Splicing
In AnchorNet, the RTC SFU needs to splice the audio/video
stream from the host broadcaster (live streaming) and the
mixed stream from the MCU server (collaborative streaming)
when the streaming mode is toggled. For convenience, we
refer to the streaming mode before and after a mode change
as the egress and ingress streaming mode, respectively. The
codec used by the host broadcaster is called accordingly as
the egress and ingress codec, as well.

For video streams, the host broadcaster always switches
the streaming mode at the frame boundary. It suffices to com-
ply with two packet forwarding paths (i.e., with and without
MCU) depending on the streaming mode. The last frame of
the egress streaming mode can directly be followed by the
first frame of the ingress streaming mode. In comparison, as
illustrated in Figure 4, smooth audio stream splicing is by no
means as straightforward as that, owing to challenges inherent
to the audio encoding algorithms.

5.1 Challenges from Audio Codec
5.1.1 Encoder Delay

At a high level, each fixed-duration input batch of PCM (pulse-
code modulation) samples generates an audio frame that lasts
for the same duration. However, if we look at the serialized
output sample sequence by the decoder, it generally starts
with several silent samples, leading to an encoder delay be-
tween the input and output indices of the same raw sample.
One of the most important reasons for such an encoder delay
is the overlapped window while conducting MDCT (modi-
fied discrete cosine transform) [15, 16, 34], which is adopted
universally by many encoding algorithms. Briefly, when trans-
forming time-domain samples represented by an audio frame
to frequency domain, the transform window is overlapped
with the subsequent frame to avoid audio artifacts at window
boundaries. To properly output an audio frame for the first
input batch (e.g., with insufficient samples on its own to fill an
entire transform window), an encoder conducts priming [34],
by inserting silent samples before the first raw input sample.

If the host broadcaster were to rigidly switch between AAC
and Opus and the MCU server did not process the received
PCM samples any further before transcoding, the encoder
delay would cause two issues in Figure 4. First, the host
broadcaster starts every ingress streaming mode with a lead-
ing silence, resulting in perceivable audio glitch. The silent
samples are introduced:
1. by ingress codec on host broadcaster’s user device, and
2. by MCU at the start of transcoding upon entering collabo-

rative streaming.

1026    2025 USENIX Annual Technical Conference USENIX Association



Raw PCM
Samples

Audio Frame
Output

... ... ...

Batch Input
to Encoder

Opus 3Opus 2Received
Audio Frame

Decode
Opus Frame

Adjusted
Batch Input

Encode into
AAC Frame

Extra Priming

Splicing Output AAC j AAC j+1 AAC j+2

Opus 4Opus 1

(splicing)

MCU

(Channel Host) BroadcasterDuplicate Trailing

SFU

AAC j+3

(a) Live streaming to Collaborative streaming

Raw PCM
Samples

Audio Frame
Output

Batch Input
to Encoder

Duplicate
Trailing

Received
Audio Frame AAC 3

Decode
Frame

Adjusted
Batch Input

Encode into
AAC Frame

Discard Silent Samples

Splicing Output

Opus i-1

(splicing)

MCU

(Channel Host) Broadcaster

...

Extra Priming

Opus i AAC 1 AAC 2

AAC j+4

Rescale Trailing
Opus Samples

AAC j+3

(Same as AAC 3)

...

SFU

AAC j+1 AAC j+2

AAC Encoder Delay......

AAC j

Decode AAC to Reconstruct
Overlapped MDCT Window

(b) Collaborative streaming to Live streaming

Figure 5: Audio stream splicing when switching between the two streaming modes (In collaborative streaming, stream mixing
happens in the step marked Encode into AAC Frame. The streams of other guest co-broadcasters, as well as other details such as
overlapped MDCT window and the SFU between host broadcaster and MCU, are not shown for brevity.)

Codec (Profile) Frame Size Priming Samples
AAC (HE-AAC v1 [35]) 2048 5058

Opus (48 kHz [36]) 960 325

Table 1: A Typical Codec Configuration in TikTok

Moreover, as exemplified in Table 1, the number of priming
samples may not be an integer multiple of audio frame size.
Simply dropping audio frames containing such samples is
very likely to lose valid audio signals.

Second, tail samples of the egress codec, which are still
un-encoded in the encoding buffer when the host broadcaster
triggers a streaming mode switch, will be discarded. The
number of discarded samples equals the number of inserted
leading silent samples, and may not be divisible by the frame
size. So even if most codec libraries support flushing remain-
ing tail samples, that induces padded silence in the last frame
and is not an ideal solution, either.

5.1.2 Inconsistent Frame Sizes
Another challenge in stream splicing is the inconsistent frame
sizes between AAC and Opus (e.g., 2048 vs. 960 as in Table 1).
When exiting collaborative streaming, the trailing samples
decoded from Opus frames may not fill an entire AAC frame
(Figure 4b). Without any optimization, the MCU server either
discards or flushes those samples, with both choices gener-
ating similar glitches in the host broadcaster’s audio due to
encoder delay (§5.1.1).

5.2 Splicing Techniques
Broadcaster-server coordination is necessary to mitigate po-
tential audio glitches due to encoder delay and inconsistent
frame sizes. Four PCM sample-level optimization techniques

are proposed here. They operate on the audio stream of the
host broadcaster, before it is mixed with other co-broadcasters’
audio streams. Figure 5 shows when and where they take ef-
fect in the whole stream splicing process.

5.2.1 Extra Priming to Avoid Partial Silent Frames

If the encoder delay is a multiple of frame size, the priming
samples will be encoded into different frames from the raw
input samples. Then, the server side can safely skip leading
silent frames in the ingress streaming mode without losing
valid audio signals. We thus supplement Nextra extra priming
samples to the transcoding or ingress codec, aiming at:

(Npriming +Nextra) mod frame_size = 0.

Take the setup in Table 1 as an example. When entering
collaborative streaming, MCU precedes the decoded Opus
samples with an additional 761 silent samples, forming an
extra priming of 1086 samples (including 325 Opus priming
samples already inserted by host broadcaster). Similarly, when
switching back to live streaming, the host broadcaster adds the
same extra priming of 1086 samples to its AAC codec. In both
cases, there will be 3 leading silent AAC frames, enabling
smooth stream splicing starting from the 4th AAC frame.

Extra priming, as well as the other techniques, require the
knowledge on encoder delay and frame size. We obtain and
store their value during codec initialization.

5.2.2 Duplicate Trailing Samples at Host Broadcaster

To avoid tail samples of the egress codec from being dis-
carded, the host broadcaster duplicates those samples into
the ingress codec. That is achieved by maintaining the most
recent audio samples fed to the currently used codec in a trail-
ing sample ring buffer. The buffer is bound to the codec, and
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its size equals the codec’s encoder delay (e.g., length of 325
samples for Opus if following the setup in Table 1). When the
streaming mode changes, the ring buffer of the egress codec
will be freed once sample duplication is complete.

Importantly, MCU does not need to be aware of trailing
sample duplication. It simply treats the duplicated samples as
raw audio samples.

5.2.3 Rescale Trailing Opus Samples at MCU

Algorithm 1: Transcoding and Sample Rescaling

1 N = 0 ;
2 Initialize buffer Q with NAAC

extra extra priming samples ;
3 while streaming mode is collaborative do
4 spcm = Decode(next Opus frame) ;
5 remove_priming(spcm) ; // 1st frame only
6 Q.push(spcm) ;
7 N = N + |spcm| ;
8 while N > 1.5 · lAAC do // lAAC: frame size
9 Q.pop(lAAC) ; // batch input to codec

10 N = N − lAAC ;
11 Rescale remaining raw samples to lAAC samples ;
12 Q.pop(lAAC) ; // NAAC

extra samples remains in Q

Extra priming guarantees that the first raw audio sample
in collaborative streaming is the first frame in a transcoded
frame. On that basis, as long as the number of raw samples
(excluding extra priming) fed for transcoding is a multiple of
AAC frame size, there will be no unaligned trailing samples
decoded from Opus frames. Since the raw Opus samples are
not controlled by the MCU, it needs to rescale the trailing
samples to enforce the condition. Algorithm 1 outlines its
behaviors in collaborative streaming mode.

Upon entering collaborative streaming, the MCU server ini-
tializes a pre-encode buffer with NAAC

extra extra priming samples
required by its AAC codec. It stores raw samples decoded
from Opus frames (excluding priming samples in the first
frame) in the buffer. Whenever there are more than 1.5 times
the frame size (lAAC) of raw samples in the buffer, it pops a
batch as the input to AAC codec. Hence, in the end of col-
laborative streaming, the number of raw Opus samples in
the buffer lies between 0.5 · lAAC and 1.5 · lAAC. The MCU
up-samples or down-samples them to exactly lAAC samples,
and feed one last input batch to AAC codec. Such rescaling
inevitably deviates from the original timescale of input sam-
ples. Algorithm 1 keeps the extent of deviation below half an
AAC frame (e.g., around 20 ms under frame size of 2048 and
48 kHz sampling rate), and induces only minimal negative
influence on the output audio effect.

5.2.4 Reconstructing Overlapped MDCT Window
The pre-encode buffer is initialized with extra priming sam-
ples, but trailing sample rescaling only aligns raw samples
to an integer multiple of frame size. Therefore, after the last
batch of input to AAC codec in Algorithm 1 (line 12), there

will be NAAC
extra samples left in the buffer, equal to extra priming

inserted in the beginning of collaborative streaming (line 2).
At the same time, there are un-encoded samples by the codec
due to encoder delay. To finish encoding all decoded Opus
samples, a simple method is to directly feed the remaining
rescaled samples to the encoder and flush the codec. Silent
samples will be padded automatically, and rescaling ensures
that the last rescaled sample is the last sample represented by
the final transcoded AAC frame. However, such a frame will
not be encoded based on an MDCT window overlapped with
the first non-priming live streaming frame, which should be
the next frame after stream splicing.

To avoid audio artifacts therein, we pad raw audio sam-
ples from the first non-priming live streaming frame to the
pre-encode buffer before feeding remaining samples to AAC
codec. That reconstructs overlapped window for the final
transcoded AAC frame, so that it will splice into the live
streaming stream more smoothly. For that purpose, MCU
should receive and decode the first several live streaming
frames from SFU (Figure 5b).

We note that the MCU does not need to reconstruct MDCT
window when switching from live to collaborative streaming.
With duplicate trailing samples (§5.2.2), the last live stream-
ing AAC frame is guaranteed to have a transform window
overlapped with the first collaborative streaming frame.

5.3 Scope of Application
Discussion in this section so far is based on selection of
audio codecs as explained in §4.3. In fact, the above chal-
lenges and optimization techniques are universally applicable
to broadcaster-side and server-side stream mixing, regardless
of the audio codecs used by the broadcaster and MCU.

Specifically, both broadcaster-side and server-side stream
mixing require decoding co-broadcasters’ audio streams to
mix their PCM samples. The re-encoding process following
that is subject to influence of encoder delay and overlapped
MDCT window. For instance, leading silence is always gener-
ated upon entering collaborative streaming. Thus, even in the
extreme case where the same audio codec and codec profile
are used in both streaming modes, extra priming and recon-
structed MDCT window are still indispensable for seamless
audio stream splicing. Trailing sample duplication and rescal-
ing would also be necessary if different profiles of the same
codec are used for live and collaborative streaming.

6 Micro-Benchmark
Before practical deployment, we verify the effectiveness of
AnchorNet in optimizing user experience during streaming
mode switching with small-scale experiments. We compare it
with DualNet, as well as two other popular live streaming ap-
plications. The two competitors represent two design choices
on streaming architecture. According to packet dump analysis,
Competitor-1 adopts viewer-side stream mixing, and imple-
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ments both live and collaborative streaming with a unified
RTC stack. Competitor-2 is based on server-side stream mix-
ing, and similar to DualNet, requires the host broadcaster to
establish separate connections for the two streaming modes.

Because the maximum number of co-broadcasters allowed
varies across different applications, we test the most basic
scene with only two co-broadcasters (i.e., host plus an invited
guest). We use three Xiaomi 14 smartphones as channel host,
guest co-broadcaster, and viewer, respectively. In each trial,
the host starts in live streaming and triggers mode switching
6 times by repeatedly inviting and hanging up on the guest co-
broadcaster, while the viewer stays in the channel. We place
the three devices at the same location and connect them to
the same dedicated office WiFi, so that the evaluation reflects
native performance of the architecture (e.g., without influence
of weak access network, overlay path computation policy, and
bitrate adaptation strategy, etc.).
Rebuffering. As an indicator of rebuffering time per stream-
ing mode switch, we measure the overall duration of audio
and video stalls at the viewer in a 10-second period before
and after each switch.2 We report average results across mul-
tiple trials in Figure 6. Obviously, upgrading to AnchorNet
brings superior mode switching experience. Thanks to the
optimized audio splicing techniques, it encounters no audio
rebuffering in all cases. AnchorNet also outperforms the other
tested schemes regarding video rebuffering. In comparison,
DualNet always suffers from second-level stalls for both au-
dio and video. Competitor-1, although based on viewer-side
stream mixing, consistently experiences a short audio pause
of around 100 ms in every switch. Notably, Competitor-2
induces a long stall when the channel switches to collabo-
rative streaming for the first time, but performs comparable
to AnchorNet in subsequent streaming mode switching. Cor-
respondingly, we notice that Competitor-2 starts each live
streaming viewer session in media audio mode, and changes
to call mode [37] when the channel first switches to collabora-
tive streaming. It stays in call audio mode afterwards. We infer
that some implementation-specific module restart is triggered
in that process, causing the long rebuffering.
Streaming Delay. Then, we compare the broadcaster-to-
viewer streaming delay of the tested schemes. For conve-

2The same as [20], we filter instances of audio and video stalls using
empirical thresholds of 80 ms and 200 ms, respectively. Micro stalls below
the thresholds are ignored.

nience of calculation, we put a timer in the camera of the host
broadcaster, and record the difference between the displayed
time at the host and the viewer multiple times during each trial.
As shown in Figure 7, the streaming delay of Competitor-2
more than doubles that of AnchorNet, possibly due to a much
larger jitter buffer within the network. That may contribute
to Competitor-2’s rebuffering performance during streaming
mode switching, which is quite close to AnchorNet other
than the long stall in the first switch to collaborative stream-
ing. Competitor-1, leveraging a unified RTC stack, achieves
the shortest delay under 4 seconds. AnchorNet and DualNet
are not far behind, with AnchorNet being slightly higher due
to the round trip between the RTC SFU and MCU. Such a
streaming delay, together with the least perceivable glitches
during streaming mode switching, delivers satisfying ROI for
a commercially large-scale deployed system like TikTok.

7 Evaluation
7.1 User Experience Gains
Currently, we are in the process of deploying AnchorNet. To
compare it with DualNet, we present QoS and QoE results
from one of our large-scale A/B tests in production envi-
ronment. The test was conducted in 2024Q4 and lasted for
4 weeks. It involved almost the same number of users served
by AnchorNet and DualNet, respectively (Figure 8). Table 2
summarizes the performance of AnchorNet relative to Du-
alNet. All listed metrics are statistically significant under a
confidence level of at least 95%. More detailed analysis and
results are presented as follows, with the data normalized
against the maximum value from respective metric.
Rebuffering during mode switching. Similar to §6, we first
look at rebuffering during streaming mode switching, which
is the most important category of metrics AnchorNet aims
to optimize. Unsurprisingly, AnchorNet significantly reduces
both the duration and count of video/audio rebuffering. Fig-
ure 9 showcases the trend of video rebuffering throughout
the 4-week period. In the case of switching from live stream-
ing to collaborative streaming, each viewer session encoun-
ters 60.3% shorter stall duration and 60.1% less stall count
on average under AnchorNet. When switching back to live
streaming, AnchorNet’s gains on the same two metrics reach
78.9% and 78.5%. It is normal that the gains from practical
A/B test are not as extreme as achieved in our benchmarking
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Rebuffering during
mode switching

(per viewer session)

Live to collaborative streaming Collaborative to live streaming
Rebuffering Count Rebuffering Duration Rebuffering Count Rebuffering Duration

Video: −60.1%
Audio: −64.5%

Video: −60.3%
Audio: −67.4%

Video: −78.5%
Audio: −76.3%

Video: −78.9%
Audio: −77.1%

User engagement
(daily active time)

Host streaming Co-broadcaster streaming Viewer watching
+0.53% +2.15% +3.83%

Live streaming
mode only

Rebuffering Host-side push FPS Host device pressure

Video: +13.47%
Audio: +11.02%

CPU: −1.33%
GPU: +0.80%
MEM: +0.31%

+3.11%

Table 2: A/B Test Results (Metrics on which AnchorNet outperforms DualNet are marked by underlined numbers)

Figure 9: Duration and count of video rebuffering per viewer session
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Figure 11: Push FPS in live streaming mode

test in §6. That is mainly because users’ access links are much
more complicated than our ideal setup. Audio rebuffering also
follows a similar trend, so we omit due to limited space.

User engagement. Frequent rebuffering during streaming
mode switching may cause some impatient users to quit,
leading to impaired user retention and stickiness and even
commercial loss. We expect a smoother switching experi-
ence, while making our users more satisfied, can ultimately
improve user engagement. Fortunately, that is validated by
the A/B test. AnchorNet increases the daily active time for
all user roles, i.e., 0.53% for channel host, 2.15% for guest
co-broadcaster, and 3.83% for viewers. More intuitively, as
illustrated in Figure 10, AnchorNet outperforms DualNet in
terms of daily duration each co-broadcaster stays in collab-
orative streaming throughout the A/B test. We note that the
active time of each viewer session encompasses every stream-
ing mode switching of the watched channel. The reduction
of viewer-side rebuffering during streaming mode switching
cannot directly contribute to increment in viewer watching
duration. Thus, the longer active time as in Table 2 reflects
true user engagement growth.

Live streaming mode improvements. As explained in §4.2,
viewer’s experience in the live streaming mode may benefit
from leveraging optimized user-space congestion control al-
gorithms. Indeed, thanks to better resistance against uplink
fluctuations (e.g., random packet losses), AnchorNet lowers
video and audio rebuffering in live streaming mode by as high
as 13.47% and 11.02%, respectively (Table 2). The average
frame rate pushed by channel hosts is increased by 3.11%,
as well. It is worth nothing that we rolled out a more ag-
gressive broadcaster-side bitrate adaptation strategy on the
12th day of the A/B test. AnchorNet maintains its advantage
in push FPS (video frames per second ingested by the host
in live streaming mode) after that (Figure 11). Meanwhile,
since congestion and flow control are moved from kernel to
user-space, AnchorNet puts slightly higher pressure on the
host device, e.g., it consumes 0.31% more memory in live
streaming. The reduction of CPU consumption by 1.33% in
Table 2 is because we prioritize hardware codec acceleration
in our AnchorNet implementation, which leads to a 0.8% in-
crement in GPU usage. We regard those slight increments as
acceptable compared to gains in rebuffering and frame rate.
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Figure 12: End-to-end streaming delay
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7.2 Server-Side Stream Mixing Feasibility
To provide exhaustive practical insights, we also demonstrate
the performance and overhead of server-side stream mixing,
which is common in both AnchorNet and DualNet.
End-to-end delay. As explained in §4.1, a concern in Anchor-
Net is the additional delay due to the round-trip between SFU
and MCU in collaborative streaming. We track the end-to-end
streaming delay in a two-week period in December 2024 in
Figure 12. It turns out that on a global scale, AnchorNet has an
average streaming delay comparable to DualNet (Figure 12a).
This is because DualNet conservatively reserves a large jitter
buffer at CDN upon entering collaborative streaming in reac-
tion to the rebuffering during streaming mode switching. In
many cases, that happens to counteract or even surpass the in-
creased delay due to the SFU-MCU round trip in AnchorNet.
Nevertheless, in those areas far from the nearest MCU cluster,
AnchorNet may experience a longer collaborative streaming
delay than DualNet due to the additional round trip. For exam-
ple, Figure 12b shows the streaming delay in such a selected
country. In collaborative streaming, AnchorNet raises the end-
to-end delay by 170 ms on average compared with DualNet.
We plan to further optimize on that front with wider edge
MCU deployment in the future.
Stream mixing delay. Another observation from Figure 12 is
that collaborative streaming has an end-to-end delay hundreds
of milliseconds longer than live streaming mode. Besides the
transport delay on the SFU-MCU round trip, such a delay
gap also includes the time consumed by stream mixing and
transcoding at MCU. Figure 13 presents the average per-frame
delay in collaborative streaming between SFU and MCU. In
AnchorNet, that delay is concealed by CDN and viewer-side
jitter buffers. As explained in §8, we also adjust the playback
speed at the viewer when switching between streaming modes
to further avoid rebuffering.
Stream mixing overhead. At last, to quantify stream mix-
ing overhead, we record average CPU and memory usage for
each stream mixing task. Such a task is initiated when a live
channel enters collaborative streaming, and terminated when
the channel exits collaborative streaming. The whole stream-
ing session of a host broadcaster may start multiple stream
mixing tasks. Figure 14 shows the two metrics at different per-
centiles over one week in December 2024. In the median case,
each task costs less than 0.4 logical CPU core and 220 MB
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Figure 14: Overhead per stream mixing task (Results at 10th,
25th, 50th, 75th, 90th percentile at dipicted)

memory. For a server instance with 128 threads (64 physical
CPU cores) and above 500 GB memory, 100 such MCUs
may accommodate up to 15 ∼ 30K concurrent collaborative
streaming channels. According to our own assessment, we
consider such server machine costs as affordable.

8 Deployment Experiences

8.1 User Experience Optimization
AV synchronization. The switching of streaming mode
comes with a change in user interface layout, e.g., between a
full screen view of the host broadcaster and a grid gallery of
all co-broadcasters. In our internal subjective tests, we find
that it is hard to notice momentary video stalls during such
a layout change. Therefore, we can inject artificial video re-
buffering (i.e., by re-encoding or replaying several previous
video frames) when switching the streaming mode for the pur-
pose of AV (audio-to-video) synchronization. While doing so,
we still try to deliver seamless audio, and manage to “conceal”
video rebuffering during UI transitions.
Adaptive playback speed. Adaptive playback speed con-
trol [38, 39] has been a common technique in live streaming
to resist rebuffering. In AnchorNet, it is also used to han-
dle the gap of end-to-end streaming delay between the two
streaming modes. When switching to collaborative streaming,
the viewer-side player may slow down the live streaming play-
back, if the remaining buffered frames has the risk of being
exhausted before arrival of the first collaborative streaming
frame. When switching to live streaming, the player may oth-
erwise speed up the playback to lower the end-to-end delay.
Adaptive video bitrate. On the publishing path to CDN,
the (co-)broadcaster adjusts the video resolution and bitrate
according to not only available uplink bandwidth, but also
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real-time device performance. Just like insufficient bandwidth,
conditions such as low battery power and overheating also
cause bitrate degradation. Simulcast [20] is another option for
adaptive bitrate between co-broadcasters. We do not activate
simulcast in AnchorNet to save bandwidth consumption on
broadcaster side. On the distribution path to viewer, we rely
on CDN to transcode the mixed stream into lower-bitrate ver-
sions, to accommodate viewers with a weak access network.

8.2 Tradeoff between Experience and Cost
After fulfilling the dominant majority of users, we tend to
prioritize cost control over the pursuit of extreme QoE.
RTC server distribution. When analyzing issues of our
first-generation architecture in §3.2, we exemplify a scenario
where there are only CDN PoPs but no RTC servers in a
country. That is a common result of lowering server-side
cost. For CDN distribution, we can consume standard service
from 3rd-party providers in addition to constructing our own
clusters. Yet for RTC servers, we need to purchase server
instances to deploy our server-side SDK. The latter is often
more expensive. Furthermore, we do not need RTC servers
to be distributed as widely as CDN PoPs, because non-RTC
services (e.g., on-demand short video streaming) currently
account for a significantly higher traffic volume at TikTok. At
this stage, we geographically plan RTC clusters so that end-
to-end latency of our RTC services satisfy industry norms.
Streaming protocol selection. Aimed at sub-second level
end-to-end delay, some pioneering CDN and cloud providers
have supported end-to-end WebRTC-based live streaming [30,
40–42]. However, that is not yet universally supported, e.g.,
it is listed as a beta feature at some providers [43]. There-
fore, WebRTC-based streaming service is usually more ex-
pensive than more mature RTMP ingest and HTTP distri-
bution [44]. As of now, some CDN providers double their
charges for WebRTC-based distribution over traditional dis-
tribution [45, 46]. Although end-to-end WebRTC can further
reduce the streaming delay, that only brings marginal benefits
considering that AnchorNet already satisfies most of our view-
ers’ latency requirements. Therefore, we stick to the choices
of RTMP ingest and HTTP distribution for now.

8.3 Future Direction: Enhanced Flexibility
AnchorNet adopts a fixed publishing path (e.g., SFU as CDN
publisher, stream mixing on server side) and static streaming
protocols (e.g., RTMP ingest, HTTP distribution), to lower
implementation complexity and balance server-side cost. As
AnchorNet approaches full deployment, we plan to introduce
more flexibility to our streaming architecture.
Flexible stream mixing spot. AnchorNet effectively imple-
ments viewer-side stream mixing between co-broadcasters.
Each co-broadcaster receives other co-broadcasters’ streams
from the connected SFU, and renders them altogether. To
balance server-side cost and user experience more flexibly,

AnchorNet can be combined with the other two stream mixing
choices accordingly. For example, for a host broadcaster using
a recently released high-performance smartphone, we can of-
fload stream mixing to the broadcaster side when the number
of co-broadcasters is below a small threshold. In certain use
cases urging tight end-to-end latency (e.g., e-commerce), a
proportion of high-value customers may utilize viewer-side
stream mixing, by pulling (co-)broadcasters’ streams from
SFU using RTP instead of HTTP FLV.

There are also many other open research problems not
listed here that are orthogonal to streaming architecture de-
sign. For example, the subjective QoE study based on a uni-
fied system like AnchorNet will need to synthesize different
user roles with possibly heterogeneous requirements (e.g., co-
broadcasters as RTC users, and viewers as non-RTC streaming
consumers).

9 Related Works
Stream splicing. One of the early discussions on the stream
splicing problem dealt with the switching between television
programs. Some works [47, 48] proposed to splice the video
streams of two programs at the boundary of two video frames.
Since audio signals before and after program switching come
from different sources, a short gap is acceptable. In the con-
text of VoIP, [49–52] worked on switching audio codec amid
an ongoing session, e.g., selecting the optimal codec based
on network conditions. They focused more on the audio fi-
delity (e.g., MOS, Mean Opinion Score) achieved by different
codecs, and did not eliminate the audio frame-level glitches
as we do in §5. Similar codec switching was also studied
in video streaming [53–55]. Different from the audio case,
seamless video can be ensured as long as the codec switching
does not break the completeness of individual video frames.
CDN streaming architecture. CDN-based content distribu-
tion has been extensively studied aimed at both on-demand
web contents (e.g., DASH video [56]) [57–60] and live stream-
ing [61–63]. Recently, the surge of real-time communication
poses the requirement for low-latency delivery. To fulfill more
stringent end-to-end latency, LiveNet [24] presented a flat
CDN architecture with dynamically optimized per-live stream
overlay distribution paths. In addition, some evolved CDN
architectures were explored. PCDN [64] enabled end users
to download from multiple more affordable edge nodes in
parallel for better server-side cost-effectiveness. Tian et al.
proposed to offload user traffic to cheaper alternative edge
nodes (e.g., user-leased set-top boxes) [65]. Those works are
complementary to AnchorNet, but they mostly focused on the
live streaming mode only, e.g., each viewer subscribes to a
live stream with a single broadcaster.
RTC conferencing architecture. A typical scenario of inter-
active real-time communication is multi-party conferencing.
On that front, some early-stage WebRTC implementations
adopted a P2P approach [66,67], letting end users directly con-
nect to each other without intermediate server participation.
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While scaling to larger conferences, most service providers
deploy the MCU or SFU architecture using media servers.
From the perspective of where to mix streams, MCU belongs
to server-side stream mixing, and SFU enforces viewer-side
stream mixing. SFU can be utilized by simulcast [19, 20, 68]
to adapt to heterogeneous access links at different participants,
i.e., each publisher uploads the same stream in different bi-
trates, and SFU determines which to forward. With lower
server-side computation overhead, SFU has been the domi-
nating architecture in modern multi-party video conferenc-
ing [20, 69, 70]. In AnchorNet, co-broadcasters effectively
form a multi-party conference room connected via SFUs, and
an MCU is leveraged towards the viewers of a channel. As
explained in §2.2, the latter choice is mainly owing to the fact
that the number of viewers per live channel may be dramati-
cally larger than that of participants per conference room.
First/Last-mile transport optimization. Another research
direction that are orthogonal to AnchorNet is the optimiza-
tion of transport protocols and congestion control algorithms
targeted at fluctuating first/last-mile access links. Multipath
transport protocols attract widespread attention due to its abil-
ity to combine bandwidth of different links and avoid tempo-
rary latency inflation on a specific link [71–74]. Congestion
control algorithms are specifically designed to satisfy low
latency requirements of live media contents [75–77]. A big
category of works adopt learning approaches to adapt to com-
plicated network characteristics. For example, Antelope [78]
trained a machine learning model to dynamically select the
congestion control algorithm best suited for given network
conditions. SLVS [79] tuned the bitrate for live streaming by
learning from various network features. AutoRec [80] took
advantage of the on-off pattern in the transmission of live
streams in an online learning-based loss recovery policy.

10 Conclusion

In this paper, we share the design and deployment of Anchor-
Net, TikTok’s new live streaming architecture. Built on basis
of our first-generation architecture, DualNet, we set smooth
switching between live and collaborative streaming as the
top objective of AnchorNet. For that purpose, it unifies the
publishing path from the broadcaster to CDN by placing RTC
servers between them, and leverages various splicing tech-
niques to avoid audio glitches induced due to inherent codec
issues such as encoder delay. AnchorNet significantly outper-
forms DualNet in our large-scale A/B test. More importantly,
AnchorNet, representing our own design perspectives, pro-
vides practical insights on operating a live streaming service
on a global scale.
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