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device and a time at which the received data is scheduled to be played out,
where the allowable excess delay parameter indicates an amount of delay that
is supportable by a channel between a sender device and the receiver device.
The method also includes determining, by the receiver device, a sender bit
rate increase for increasing a bit rate at which data is to be sent from the
sender device to the receiver device based on the determined allowable ex-
cess delay parameter, and transmitting an indication of the sender bit rate in-
crease to the sender device.
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RECEIVER DRIVEN UP-SWITCHING INVIDEQG TELEPHONY

{8041} This apphication claims the benefit of U.8. Provisional Application No.
62/030,513, filed July 29, 2014, the entire content of which is incorporated by reference

herein.

TECHNICAL FIELD

160662] This disclosure relates to the processing of video data.

BACKGROUND

{8663} Video telephony (VT) tnvolves the real-time communication of packets carrving
audio and video data. A VT device includes a video encoder that obtains video from a
video capture device, such as a video camera or video archive, and generates video
packets. Similarly, an andio encoder in a VT device obtains audio from an audio
capture device, such as a microphone or speech synthesizer, and generates andio
packets. The video packets and audio packets are placed in a radio link protocol {(RLP)
gueue. A medivm access control (MAC) layer unit gencrates medium access condrol
{(MAC) layer packets from the contents of the RLP queue. The MAC layer packets are
coenverted to physical (PHY) laver packets for transmission across a commumication
channel to another VT device.

68004} In mobile VT applications, a VT device receives the physical layer packets via a
wireless forward link (FL) (or “downlink”) from a base station to the VT device as a
wircless terminal. A VT device transmits the PHY layer packets via 8 wircless reverse
fink (RL) {or “uplink™} 1o a base station. Hach VT device includes PHY and MAC
fayers to convert the recetved PHY and MAC layer packets and reassemble the packet
payloads into audio packets and video packets. A video decoder within the VT device
decodes the video data for presentation to a user via a display device. An audio decoder

within the VT device decodes the audio data for output via an audio speaker.

SUMBMARY
[8085] Techniques of this disclosure relate to determining a bit rate for encoding data
based on network conditions. For example, aspects of this diselosure relate to reducing

a sending bit rate {also simply referred to as rate) from a first rate {0 a second rate in
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response to a reduction in a network link rate. According to aspects of this disclosure,
upon identifying the reduction in the network link rate, a sender device may reduce the
sending rate fo a reduced rate that is below the second network link rate, ¢.g,,
uvndershoot the second network link rate. The sender device may maintain the sending
vate at the reduced rate for a time period that is based on the reduced rate and based on a
duration between identifying the reduction in the network hink rate and reacting to the
reduction in the network link rate during which data is buffered at the sender device or
at another device associated with the network. 1o this way, the sender device may
reduce the amount of data that has been buffered during a decline in network link rate
relatively quickly without overly impacting the user experience.

[80866] Aspects of this disclosure alse relate to increasing a sending rate in instances in
which a network link rate 1s not being fully utilized. For example, according to aspects
of this disclosure, a receiver device may determine that a network Huk rate is
undentilized based on data being received st the receiver device prior to the time at
which the data is scheduled to be played out. The receiver device may determine an
allowable excess delay parameter based on a difference in time between a time at which
data is received and a time at which the data is scheduled to be played oud. The receiver
device may determine a sonding rate increase according to the aliowable excess delay
parameter. The receiver device may, in some instances, transmit an ndication of the
sending rate increase to a sender device, so that the sender device may better utilize the
network link rate without exceeding the network link rate.

160471 In an exanple, 2 method of processing data inclodes transmitting data over
network at a first bit rate, identifying a reduction in a network link rate of the network
from a first network Hnk rate to a second network hink rate, in response to identifying
the reduction in the network link rate, determining a recovery bit rate at which to
transmit the data over the network, wherein the recovery bif rate is less than the second
network link rate, determining a butfering duration based on a difference between a
time of the identification of the reduction in the network link ratc and an estimated
actual time of the reduction 1 the network link rate, and determining a recovery rate
duration during which to transmit the data at the recovery bit rate based on the recovery
bit rate and the buffering daration.

{8048} In another example, a device for processing data includes a memory configured
to store data, and one or more processors, the one or more processors configured to

transmit the data over a network at a first bit rate, identify a reduction in a network Iink
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rate of the network from a first network lnk rate t0 a second network link rate, in
response to identifying the reduction in the network link rate, determine a recovery bit
rate at which to transmit the data over the network, wherein the recovery bit rate is less
thao the second network link rate, determine a buffering duration based on a difference
between a time of the identification of the reduction in the network link rate and an
estimated actual time of the reduction in the network link rate, and determine a recovery
rate duration during which to transmit the data at the recovery bit rate based on the
recovery bit rate and the buffering duration.

16649] In another example, an apparatus for processing data includes means for
transmitting data over a network at a first bit rate, means for identifying a reduction in a
network link rate of the network from a first network link rate to a second network link
rate, means for determining, in response to identifying the reduction in the network link
rate, a recovery bit rate at which to transmit the data over the network, wherein the
recovery bit rate is less than the second nctwork link rate, means for delermining a
buffering duration based on a difference between a time of the identification of the
reduction in the network link rate and an estimated actual fime of the reduction in the
network link rate, and means for determining a recovery rate duration during which to
transmit the data at the recovery bit rate based on the recovery bit rate and the buffering
duration.

[8018] In another example, a non-transitory computer-readable medium has instroctions
stored thereon that, when executed, causce one or more processors to transmit data over a
network at a first bit rate, identity 2 reduction in a network link rate of the network from
a first network hink rate to a second network Huk rate, determine, in response to
identifying the reduction in the network link rate, a recovery bit rate at which to transmit
the data over the network, wherein the recovery bit rate is less than the second network
link rate, determine a buffering duration base d on a difference between a time of the
wdentification of the reduction in the network Hink rate and an estimated actual time of
the reduction in the network link rate, and determine a recovery rate duration during
which to transmit the data at the recovery bit rate based on the recovery bit rate and the
buffering duration.

(6011} In another example, a method of processing data includes determining, by a
receiver device, an allowable cxcess delay parameter based on a difference between a
time at which received data is received by the receiver device and a ime at which the

received data 1s scheduled to be plaved out, wherein the allowable excess delay
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parameter mdicates an amount of delay that 1s supportable by a channel between a
sender device and the receiver device, determining, by the receiver device, a sender bit
rate increase for increasing a bit rate at which data is to be sent from the sender device
to the receiver device based on the determined allowable excess delay parameter, and
transmitting an ndication of the sender bit rate increase to the sender device.

(86121 In another example, a receiver device for processing data includes a memory
configured to store data, and one or more processors configured o determine an
allowable excess delay parameter based on a ditference between a time at which the
data is received by the receiver device and a time at which the data 15 scheduled to be
played out, wherein the allowable excess delay parameter indicates an amowunt of delay
that is supportable by a channel between a sender device and the receiver device
determine a sender bit rate increase for increasing a bit rate at which data 15 to be sent
from the sender device to the receiver device based on the determined allowable excess
delay parameicr, and transmit an indication of the sender bit rate increase to the sender
device.

16613} In another cxarple, an apparatus for processing data includes means for
determining an allowable excess delay parameter based on a difference between a time
at which received data 15 received by the receiver device and a tume at which the
received data 1s scheduled to be plaved out, wherein the allowable excess delay
parameter indicates an amount of delay that is supportable by a channel between a
sender device and the receiver device, means for determining a sender bit rate increase
for increasing 2 bit rate at which data is to be sent from the sender device to the receiver
device based on the determined allowable excess delay parameter, and means for
transmitting an indication of the sender bit rate increase to the sender device.

(8014} In another exampie, a non-transitory computcr-readable medium has insiructions
stored thercon that, when executed, cause one or wore processors to determine an
allowable excess delay parameter based on a difference between a time at which
received data is received by the receiver device and a time at which the received data is
scheduled to be played out, wherein the allowable excess delay parameter indicates an
amount of delay that is supportable by a channel between a sender device and the
recetver device, determine a sender bit rate increase for increasing a bit rate at which
data is to be sent from the sender device to the receiver device based on the determined
allowable cxcess delay parameter, and fransroif an indication of the seuder bit rate

merease 1o the sender device.
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18618} The details of one or more examples of the disclosure are set forth i the
accompanying drawings and the description below. Other features, objects, and

advantages will be apparent from the description, drawings, and claims.

BRIEF DESCRIPTION OF BDRAWINGS
(8016} FIG. 1 1s a block diagram illustrating an audio/video encoding and decoding
system for video telephony (VT) applications.
(86171 FIQG. 2 1s a block diagram ilhustrating a video encoding system that may
implement video source rate adaptation consistent with the techniques of this disclosure.
16018} FIG. 3 is a block diagram illustrating a video decoding systom that may
implement video source rate adaptation consistent with the techmiques of this disclosure.
[6019] FIGS. 4A and 4B are graphs illustrating video source rate adaptation technigues
consistent with the techuiques of this disclosure.
(68026} FIG. 5 is a conceptual diagram ilustrating determination of a butfering duration
consistent with the techniques of this disclosure.
18621} FIGS. 6A and 6B are graphs illustrating a network link rate decline and a
corresponding delay time, respectively.
16622} FIGS. 7A and 7B are graphs illastrating a network fink rate dechine and a
corresponding delay time, respectively.
(8023} FiG. 8 is a flow diagram illustrating an exampie process for down-switching a
rate at which data is transmitted consistent with the techmiques of this disclosure.
[8024] FIQG. 9 1s a flow diagram illustrating an example process for up-switching a rate

at which data is transmitted consistent with the techniques of this disclosure,

BETAILED DESCRIPTION
(80258} Video telephony (VT) devices may be connected via a wired or wireless network
for conducting a VT session (e.g., trausmission of audio and/or video data between the
VT devices). A VT device that is processing audio and/or video data for transmission to
another VT device may be referred to as a sender device, Likewise, a VT device that is
processing received audio and/or video data (e.g., for presentation to a user of the VT
device) may be referred to as a receiver device.
18626} The sender device may encode audio and/or video data at a particular rate

{which may be interchangeably referred to herein as a bit rate). The sender device may
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select the rate based on network conditions. For example, the sender device may select
the rate based on a maximum (or near maximum) network Hink rate supported by the
network being used for the VT session. In this way, the sender device may prepare the
data to be sent using the relatively highest quality supperied by the network without
exceeding the limitations of the network.

(86271 In some instances, the network link rate connecting VT devices may vary,
particularfy when using VT over a wircless network such as Wi-Fi or cellular networks.
In some nstances, network cquipment may use buffors to handle link rate fluctuations
and/or to perform quene management. For example, 4 sender device may include a
buffer for buffering encoded audio and/or video data prior to transmitting the data to the
receiver device. A sudden reduction in the network link rate may cause a bottleneck
that may adversely impact the VT session. For example, when the network bnk rate is
reduced, the sender device to accumulate encoded video data in the buffer, which may
cause interroptions and/or jerkiness in the VT session at the receiver device.

16028] A sender device may alier a rate at which video data is seut {(which may be
referred to herein as a sending rate, rate being used throughout the disclosure to refer to
a bit rate} in response to a reduction in the network link rate. In some examples, the
sender device may alter the sending rate by changing the rate at which audio and/or
video data 1s encoded. However, there may be 4 reaction delay in reducing the rate due
to receiver device congestion control feedback delays, delays in a returm path from a
receiver device to the sender device, rate adaptation reaction delays, or the like.
Accordingly, the sending rate may remain sigonificantly above the network link rate fora
period of time after a reduction in the network link rate. A mismatch in the sending rate
and the network Hink rate may result in increased buffer levels at the bottleneck link and,
hence, increased end-to-end delay {or even lost packoets), which may adversely impact
the quality experience of a VT session.

(6028} In addition, even atter the sender deviee decreascs the sending rate in response
to a reduction in network link rate, a built-up delay may persist for some time. For
example, in general, delay may refer to the time between data being available for
transmission across a network link and the time the data is actually transmitied to the
network. Accordingly, delay may be associated with the buffering of data. For
example, an increase in delay resulis in increased buffer levels, because data must be

stored after encoding and prior to transmission to the network.
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186381 Depending on the difference between the sending rate and the bottleneck
network link rate, the sender device may reduce the quantity of buffered data relatively
slowly. That is, if the difference between the reduced sending rate and the network link
rate 1s relatively small, the sender device may reduce the built-up delay relatively slowly
and the impact to the VT session may persist.

{86311 One approach to reducing the quantity of buffered data is to reduce the sending
rate below an estimated network link rate. A relatively conservative approach, e.g.,
using a sending rate that is significantly below the estimated network Hnk rate, may
result in an underuse of the Hnk and an overall reduction in video quality experience at
the recetver device. However, such a conservative approach may also redoce the
pottleneck link buffers relatively quickly. Conversely, a relatively aggressive approach,
e.g., only reducing the sending rate to the network hink rate, may result in fisll use of the
link and higher quality encoded data. However, as noted above, sach an approach may
causc data to remain in 3 buffer for a relatively long period of time.

16032} Aspects of this disclosure relate to determining a sending rate {¢.g., a bit rate for
encoding audic and/or video data at a sender device) based on network conditions. In
particelar, the techmigues inchide reducing a sending rate in response to areduction in a
network link rate. According to aspects of this disclosure, upon identitfying a reduced
network link rate, a sender device may reduce the sending rate to a vate that 1s below the
network link rate. In some examples, a receiver device may request a reduced sending
rate that is then implemented by the seader device. Reducing the sending rate to a rate
that is below the network Huk rate may be referred to 2s undershooting the network Hnk
rate.

[8033] The techuigues also inchide determining an amoont of time to maintain the
sending rate at the reduced rate. In some examples, aspects of this disclosure include
determining a recovery rate duration (also referred to as an undershoot peried) based on
a butfering duration, a magnitude of the reduction in the network link rate, a rate
reduction factor, and/or other factors, as described in greater detail below. In this way,
the techniques may be used to determine an optimal undershoot period. For exanple, a
sender device may maiuntain the reduced sending rate for only as long as needed 10
reduce a quantity of buffered data before returning to an increased sending rate that is
supported by the network. The techniques may achieve a balance between the

conservative approach and the aggressive approach described above, such that the



WO 2016/019019 PCT/US2015/042664

amount of data that is buffered may be reduced relatively quickly without overly
impacting the user experience.

(8034} Aspects of this disclosure also include signaling delay data associated with
processing encoded audio and/or video data. The techniques of this disclosure jnclude
generating data for use in determining a buffering duration at a sender device. The
buffering duration may be associated with a delay between the dechine in the actual
network link rate and the time at which the decline in the network link rate s detected
(e.g., assuming that the sender and/or recetver device does not recognize and react 1o a
decline in the network Hnk rate immediately). During this lag time, a sender device
typically buffers data that 1s prepared/encoded at the original sending rate, but that
cannot be sent in real-time (or near real-time) at the reduced vetwork ik rate. The
buffering of data creates a delay at the receiver device during which data 15 not received.
As noted above, the buffering time may be used to determine an amount of data that is
buffered at the sender device and/or the recovery rate duration.

18038} Other aspects of this disclosure may relate to increasing a sending rate in
instances in which a network link rate 1s not being fully utilized. For example, a sender
device may increasce a sending rate of data to increase the quality of the user experience
instances in which the sending rate is less than the link rate that is supportable by a
network linking the sender device to a receiver device. Increasing the bit rate at which
data is encoded may be referred to herein as up-switching. However, up-switching the
sending raic at an incroment that is too large may result in an overshoot of the network
fink rate, which may degrade the user experience in the manner described. Conversely,
up-switching the sending rate at an increment that is too small may result in a continued
wndershoot of the network link rate, which may result in a lower quality user experience
than is supporiable by the network fink rate.

[8036] According to aspects of this disclosure, a receiver device may determine that a
network link rate is underutilized based on data being received prior o the time at which
the data is scheduled to be played out. The receiver device may determine an allowable
excess delay parameter based on the difference between a time at which data is received
and the time at which the data is scheduled to be played out, and the receiver device
may determine a sending rate increase according to the allowable excess delay
parameter. The receiver device may, in some instances, transmit an indication of the
sending rate increase to a sender device, so that the sender device may better utilize the

network link rate without overshooting the network hink rate.
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186371 Accordingly, aspects of this disclosure include rate adaptation or congestion
control techriques for controlling a video flow originating from a sender device and
transmitted over a neiwork channel {also referred to as a network link) with time-
varying bandwidth to a receiver device. In particular, the techniques inclhade up-
switching the average bit rate of a video flow in a controlled manner to improve the user
experience without introducing congestion in the network. Such rate adaptation
techniques may avoid significantly increasing the end-to-end delay which could result in
packet losses.

18638} For example, according to aspects of this disclosure, a receiver device may
examine recetved video packets and determine whether the data is arriving early, n
time, or toe late for the scheduled playout of the data. I the data is arriving later than
the intended playout, the receiver device may determine that the network link rate is
fower than the sending rate {¢.g., the encoding rate implemented at the sender device).
Accordingly, the receiver dovice may send 3 request to the seander device to decrease the
sending rate. In some examples, the receiver device may reqguest an initial rate that is
fower than a sustainable rate (e.g., an available bandwidth) of a network link rate to
allow the system to decongest the network channel.

(8039} In some instances, the techniques described herein may be performed by a
Multimedia Telephony Service for 1P Multimedia Subsystem (IMS) (MTS1} device.

For example, the MTSI device may perform bit rate adaptation and/or congestion
control using the techoigues described herein.

16048] F1G. 1 is a block diagram illustrating an encoding and decoding system 10, As
shown in FIG, 1, system 10 meludes an encoder systern 12 and a decoder system 14
cormected by a transmission channel 16, In the example of FIG. 1, encoder system 12 s
associated with a first video conumunication device and includes an audio source 17,
video source 18, video encoder 20, audio encoder 22, real-time transport protocol
{RTP)/real-time transport protocol (RTCPVuser datagram protocol (UDPY Internet
protocol (IPY point-to-point protocol (PPP) conversion unit 26, radic Hok protocol
(RLP} queue 28, MAC layer unit 30 and physical (PHY) layer unit 32, Decoder systom
14 is associated with another video communication device and includes a PHY layer
unit 34, MAC layer unit 36, RLP queue 3R, RTP/RTCP/UDP/IP/PPP conversion unit
44, video decoder 42, audic decoder 44, audio output device 46 and video cutput device

48.
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18841} As described in more detail below, encoder system 12 and/or decoder system 14
may use the techniques of this disclosure to modify an encoding rate based on network
conditions. For example, video encoder 20 may control the video source encoding rate,
at least i part, as a function of network bandwidth. In particular, video encoder 20 maay
reduce an encoding rate of video and/or audio data in response to a reduction in 4
network link rate. Likewise, video encoder 20 may inerease an encoding rate of video
and/or audio daia in respouse to an indication of underutilization of a network link rate.
16042} System 10 may provide bi-directional video and audio transmission, ¢.g., for
video telephony via transmission channel 16, Accordingly, generally reciprocal
encoding, decoding, and conversion units may be provided on opposite ends of channel
16. 1o some embodiments, encoder systera 12 and decoder system 14 may be embodied
within video communication devices such as wireless mobile terminals equipped for
video streaming, video telephony, or both. The mobile terminals may sepport VT
according to packet-switched standards such as RTP, RTCP, UDP, 1P, or PPP.

18043} For cxample, at encoder system 12, RTP/RTCP/UDP/IP/PPP conversion unit 26
adds appropriste RTP/ RTCP/UDP/IP/PPP header data to audio and video data received
from video encoder 20 and audio encoder 22 and places the data in RLP queue 28. An
example bitstream may nclude a MAC header, an 1P header, a UDP header, an RTCP
header, and the payload data. In some examples, RTP/RTCP runs on top of UDP, while
UDP runs on top of [P, and IP nums on top of PPP. In some examples, as described
herein, RTF/RTCR/UDP/IP/PPP conversion unit 26 in conform to a particular standard,
such as “RFC 3550 RTP: A Transport Protocel for Real-Time Applications,” H.
Schulzrinne et al., July 2003, “RFC $104: Codec Control Messages in the RTP Audio-
Visual Provide with Feedback (AVPF),” S. Wenger ot al., Febroary 2008 (hercinafter
RFC 5104), and/or other applicable standards for real-time or near real-time transport of
data. MAC layer untt 30 gencrates MAC RLP packets from the contents of RLP queue
28, PHY layer unit 32 converts the MAC RLP packets into PHY layer packets for
transmission over channel 16.

16044] PHY layer unit 34 and MAC layer untt 36 of decoder system 14 operate ing
reciprocal manner. PHY layer unit 34 converts PHY layer packets reccived from
channel 16 to MAC RLP packets. MAC layer unit 36 places the MAC RLTP packets
into RLP queue 38, RTP/RTCP/UDP/IP/PPP conversion unit 40 sirips the header
information from the data in RLP queuce 38, and reassembles the video and audio data

for delivery to video decoder 42 and audio decoder 44, respectively.
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16045} System 10 may be designed to support one o more wireless communication
technologics such as code division multiple access (CODMA), frequency division
multiple access (FDMA), time division multiple access (TDMA}, or orthogonal
frequency divisional roultiplexing (OFDM), or another suttable wireless techmigue. The
above wireless communication technologics may be delivered according to any of a
variety of radio access technologies. For example, CDMA may be delivered according
to cdma2(0 or wideband CDMA {WCUDMA) standards. TDMA may be delivered
according to the Global System for Mobile Commumnications (GSM) standard. The
Universal Mobile Telecommumication System (UMTS) standard permits GSM or
WCDMA operation. Typically, for VT applications, system 10 may be designed to
support high data ratc (HDR) techuologies.

[8846] Video encoder 20 generates encoded video data accovding to a video
compression method, sach as MPEG-4, High Efficiency Video Coding (HEVC), or
another video coding standard. Other video compression methods include the
International Teleconupunication Undon (ITU)Y H.263, ITU H.264, or MPEG-2 methods.
Audio encoder 22 encodes audio data to accompany the video data. Video source 13
may be a video captire device, such as one or more video cameras, one or more video
archives, or a combination of video cameras and video archives.

{88471 The audio data may be encoded according to an audio compression method, such
as adaptive molti-rate narrow band (AMR-NB), or other techniques. The andio source
17 may be an audio capture device, such as a microphone, or a speech synthesizer
device. For VT applications, the video will perodt viewing ofa party to a VT
conterence and the audio will permit the speaking voice of that party 1o be heard.
{8648} In operation, RTP/RTCP/UDP/IP/PPP conversion unit 26 gbiains video and
audio data packets from video encoder 20 and audio encoder 22, As mentioned
previously, RTP/RTCP/UDP/IP/PPP conversion unit 26 adds appropriate header
mformation to the audio packets and inserts the resulting data within RLP queue 28,
Likewise, RTP/RTCP/UDP/IP/PPP conversion unit 26 adds appropriate header
nformation to the video packets and inserts the resulting data within RLF queue 28,
MAC layer unit 30 retrieves data from RLP quene 28 and forms MAC layer packets.
Each MAC layer packet carries RTP/RTCP /UDP/IP/PPP header information and audio
or video packet data that is contained within RLP queue Z8. Audio packets may be

nserted into RLP queue 28 independently of video packets.
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16045} In some cases, a MAC layer packet generated from the contents of RLP queue
28 will carry only header information and video packet data. In other cases, the MAC
layer packet will carry only header mformation and audio packet daia. In many cases,
the MAC layer packet will carry header information, audio packet data and video packet
data, depending on the contents of RLP queue 28, The MAC layer packets may be
configured according to a radio link protocol (RLP), and may be referred to as MAC
RLP packets. PHY layer unit 32 converts the MAC RLP audio-video packets into PHY
layer packets for transmission across channel 16.

160636] Channel 16 carries the PHY layer packets to decoder system 14, Channel 16
may be any physical commection between encoder system 12 and decoder system 14
For exaraple, channel 16 may be a wited connection, such as a local or wide-area wired
network. Alternatively, as described herein, channel 16 may be a wireless connection
such as a cellular, satelite or optical connection. Channel conditions may be a concern
for wired and wircless channels, but may be particularly pertinent for mobile VT
applications performed over a wirveless channel 16, in which channel conditions may
suffer due to fading or congestion. Channel 16 may support a particular network Hnk
rate {¢.g., a particular bandwidth}, which may fluctuate according to channel conditions.
For exarple, channel 16 may be characterized by a reverse bnk (RL) having a
throughput that varies according to channel conditions,

[80651] In general, PHY layer unit 34 of decoder system 14 identifies the MAC layer
packets from the PHY layer packets and reassembles the content into MAC RLP
packets. MAC layer unit 36 then reassombles the contonts of the MAC RLP packets to
provide video and audio packets for insertion within RLP queue 38.
RTP/RCTP/UDP/IP/PPP unit 40 removes the accompanying header information and
provides video packets to video decoder 42 and audio packets to audio decoder 44.
Video decoder 42 decodes the video data frames to produce a stream of video data for
use in driving a display device. Audio decoder 44 decodes the audio data to produce
audio information for presentation to a user, £.2., via an audic speaker.

18052} As noted above, system 10 may provide bi-directional video and andic
transmission, ¢.g., for video telephony via transmission channel 16, In some examples,
an issue may occur when a network link rate of channel 16 varies, which may occor
with Wi-Fi, cellular, or other network links. As described in greater detail with respect
to FIG. 2 below, one or more buffers may be included in network equipment to handle

rate fluctuations and potentially to perform queve management.
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16083} For example, a VT flow with a certain sending rate (e.g., an encoding rate used
by video encoder 20} may experience a sudden drop in the link rate, which may create a
bottleneck for the flow. Due to a reaction delay at encoder systom 12 to this link rate
drop {c.g., which maay be caused by receiver congestion control feedback delays, delays
on the return path from recetver to sender, rate adaptation reaction delays, or the Hike)
the sending rate may stay significantly above the link rate for a period of time. This
may result in increased buffer levels at the botileneck link and, hence, increased end-to-
end delay {or cven Jost packets) between encoder system 12 and decoder system 14,
which may adversely affect the quality experience of the VT session.

[8654] After encoder system 12 decreases the bit rate at which data is transmitted over
chanuel 16 {e.g., decreases the sending rate), the built-up delay may persist for some
time. For example, n some instances, the length of time that the built-up delay persists
may depend on the difference between the sending rate and the reduced link rate (c.g.,
the hink rate causing the bottieneck). 1f the decrease in the sending rate is (oo smali, the
the built-up delay will decrease relatively stowly, which may tmpact the user experience
at decoder system 14, A conservative sending rate approach is to consistently send ata
significantly lower rate than the estimated link rate. However, this approach may resubt
in underuse of the link at channel 16 and an overall reduced video quality experience.
[8855] In accordance with the techniques described in this disclosure, video encoder 20
may encode video from video source 18 based on conditions of chamel 16, In
particular, video encoder 20 may reduce an encoding rate {also referred to herein as a
sending rate) based a reduction in bandwidth at channel 16, Reducing the encoding rate
may be referred to herein as down-switching. Encoder system 2 may temporarily
reduce the sending rate of data encoded at video encoder 20 after a significant drop in
the link rate at channel 16 is detected, for example, after a receiver side congestion
conirol feedback message gonerated at decoder system 14 has been received at encoder
system 12,

18856] In one example, according to aspects of this disclosure, encoder system 12 may
initially transmit data over channel 16 at a first bit rate. Encoder systern 12 may identify
a reduction in a network hink rate at channel 16 from a first network link rate to a second
network link rate. In some examples, encoder system 12 may identify the reduction in
the network link rate based on one or more reports received from decoder system 14
180587} According to aspects of this disclosure, in response to identifving the reduction

m the network Imk rate, encoder system 12 may determine a recovery bit rate at which
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to transmit the data over channel 16, where the recovery bit rate is less than the second
network link rate. Encoder system 12 may also determine a buffering doration that
inchides a difference between a time of the identification of the reduction in the network
link rate and an estimated actual time of the reduction in the network link rate. For
example, as noted above, there may be some reaction fime associated with identifying
the delay and adjusting the rate at which video encoder 20 encodes data. Encoder
system 12 may buffer data encoded by video encoder 20 at or near the nitial (higher)
network link rate vntil video oncoder 20 has time to identify and adjust the encoding
rate to a Jower rate.

{80538} Encoder system 12 may determine a recovery rate duration during which to
transmit the data at the recovery bit rate based on the recovery bit rate and the buffering
duration. Encoder systermn may then transmit the data at the recovery bit rate for the
determined recovery rate duration. In this way, the techniques may reduce the built-up
end-to-end delay relatively quickly and may preserve the quality of the user experience
by using the available link rate after the end-to-end delay has been reduced (e.g., versus
than maintaining the sending rate at the reduced rate for an extended period of time).
While described with respect to encoder system 12 for purposes of example, it should be
vnderstood that certain of the above-noted techniques may additionally or alicrnatively
be performed by decoder system 14,

[6059] Sull other techniques of this diselosure mclude technigues for up-switching
{(e.g., increasing) the rate at which data is encoded based on network conditions. For
example, during the presentation of “Discussion on Upswitch Principals,” SA4 MTSI
SWG Conference Call No. 4 on End-to-End Video Rate Adaptation of E2EMTSI-S4,
S4-AHM2Z1S, June 24, 2014, (“AHMZ2157) a number of issues with up-switching were
identified. As documented in “Report from SA4 MTSESWG Conterence Call No. 4 on
End-to-End Video Rate Adaptation of E2ZEMTSI-S4 (June 24, 20143,” Tdoe S84
{14)0768, further discussion was felt needed to investigate the new ideas from the
conference call before agreeing on the principies for the up-switch.

16068] In general, the model presented in AHM2 15 relics on a ramp-up probing model,
which may have a disadvantage i that the probing may introduce delay into the system
when the probe does not match the channel conditions. A more robust model is to allow
a recetver, such as decoder system 14, to passively measure the state of channel 16 to
determine whether there could be excess capacity m the system. Based on this, decoder

system 14 may make a more accurate estimate of the sustainable rate of the system.
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16061} The model presented in AHMZ2 15 also suggests a two-phase approach whereby
encoder system 12 first probes the channel to see if there might be more capacity. I the
probing phase is successfol, video encoder 20 may more aggressively increase Us rate
during a “ramp-up phase.” Such a model can introduce a relatively large amount of
congestion into the system, because a successful probe with a small increase in data rate
may not imply that the system can handle a muich larger increase afterwards. In fact,
when increasing the rate of video encoder 20 to match the system capacity, the more
robust approach is to first to fncrease the rate by a relatively large amount, followed by
taking smaller steps as the vate converges to the sustainable rate supported by channe
16.

(8062} To follow the petentially more robust approach of converging on the sustainable
rate in the manner described above, the entity driving the adaptation (e.g., the sender
{encoder system 12} or receiver (decoder system 14) must have an estimate of the
sustainable rate of the system. A sender may rely on RTCP receiver reports to detect
end-to-cnd channel conditions and can calculate the net throughput, albeit with some
measurement delay due to the RTCP reporting. A receiver may calculate both anet
throughput and an amount of additional delay that may be accepted before packets
arrive too late at decoder system 14 for their scheduled playout. Therefore, if the
relevant metrics calculated at the receiver are sent divectly to the sender, a receiver-
driven adaptation model is achieved and may be more robost and should be used in
determining the minimum adaptation performance.

18063] According to aspects of this disclosure, decoder systom 14 may implement a
receiver-driven rate up-switching technique upon determining that the bandwidth at
channel 16 is being underutilized. For example, according to aspects of this disclosure,
decoder system 14 may provide data to cncoder system 12 that prompts video encoder
28 to increase an encoding rate.

[8864] In some examples, according to aspects of this disclosure, decoder system 14
may delermine an allowable excess delay paramcter based on a difference between a
time at which data 1s received by decoder systerm 14 and a time at which the received
data is scheduled to be played out. The allowable excess delay parameter may indicate
an amount of delay that is supportable by channel 16 before a user experience is
impacted, ¢.g., data arrives too late to be decoded and played out at the appropriate time.
Decoder system 14 may also determine a sender bit rate jncrease for increasing a bit rate

at which data is to be sent from encoder system 12 to decoder system 14 based on the
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determined allowable excess delay parameter. Decoder system 14 may also transmit an
indication of the sender bit rate increase to encoder system 12,

{8065} In this way, decoder system 14 may control the average bit rate of the video flow
in a controlled manner to improve the user expericnce without introducing congestion n
the network. The technigues may avoid significantly mereasing the end-to-end delay,
which could result in packet losses.

18666} FIG. 2 is 3 block diagram illustrating cncoder system 12 that may implement
video source rate adaptation in accordance with the techuiques of this disclosure. As
shown in FIG. 2, video encoder 20 includes a video encoding engine 50, video butfer 52
and video rate controller 54, Video encoder 29 also receives network link rate
information 56, which may be prepared by decoder system 14 (as described 1 greater
detail below).

(88671 Video encoding engine S0 obtains video data from video source 1R and encodes
the video data at a rate controlled by video rate controller 54. Video encoding engine 50
then places the encoded video in video buffer 52. Video rate controller 54 may monitor
the fullness of video buffer 52 and control the video encoding rate applied by video
encoding engine 50, at least in part, based on the fullness. In addition, as described in
greater detail below, video rate controller 54 may control the rate based on the network
hink rate information 56 and/or other data associated with conditions of chamnel 16 (FIG.
i).

18868] In some examples, video encoder 20 may provide a video source rate control
schome that is generally CODEC-independent. For example, video encoder 20 may be
adapted for video encoding according to HEVC, MPEG4, ITU H263 or TTU H.264. In
addition, video encoder 20 may be susceptible to implementation within a DSP or
embedded logic core. In some embodiments, video encoder 20 {c.g., video rate
condroller 54 of video encoder 20} may apply model-based rate control, e.g., applying
video block rate control in the rho domain. For example, once a frame bit budget is
established for a particular video frame, the frame bit budget may be allocated among
the video blocks, e.g., coding vous (CUs} and/or macroblocks (MBs}), within the frame
using rho domain rate contrel. The rho domain values for individaal MBs can then be
mapped to quantization parameter (QP) valoes.

18069} According to aspects of this disclosure, video rate controller 54 may perform
rate dowun-switching based on network conditions. For example, video encoding cngine

50 may initially encode data at a first bit vate for transmission over a transport medium,
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such as channel 16 (FIG. 1), Video rate controller 54 may identify areductionin a
network link rate from a first network link rate to a second network Hnk rate. In some
examples, video rate controller 54 may identity the reduction m the network link rate
from feedback at video cocoder 20. To other examples, video rate controller 54 may
wdentify the reduction in the network Hnk rate based on network link rate information
56.

188781 In response to identifying the reduction in the network link rate, video rate
countroller 54 may determine a recovery bit rate for video encoder 20 that is less thag the
second {reduced) network hink rate. The recovery rate may be used to reduce the
amount of data has been buffered between the actual time of the decrease in the network
link rate and the identification of the decrease in the network link rate. Reducing such
buffered data may help to ensure that the user experience is not impacted at the recciver
device. Hence, video rate controller 54 may determine a recovery bit rate for use at
video encoder 20 that undershoots the reduced network link rate in order to diminish the
amount of buffered data at video enceder 20.

16071} According to aspects of this disclosure, video rate controller 34 may determine
the recovery rate based on an undershoot factor. Video rate controller 54 may
determine the undershoot factor based on the difference between the first network Hnk
rate and the reduced network link rate. That is, video rate controller 54 may determine
an undershoot factor that has a magnitude that varies based on the magnitude of the
reduction in the network link rate. Accordingly, if the reduction in the network link rate
18 relatively high, video rate condrolier 54 may determine an undershoot factor that is
relatively high. Likewise, if the reduction in the network Hnk rate 1s relatively low,
video rate controller S4 may determine an undershoot factor that is relatively low.
18672} In some examples, video rate controller 54 may determine an undershoot factor
that may be applied to the reduced network link rate to determine the recovery rate. For
example, video rate controlier 54 may determine a fractional undershoot factor and may
apply the fractional undershoot facior to the reduced network hink rate to determine the
recovery rate. In oune example, video rate controller 54 may determine the undershoot
factor based on a ratio of the magnitude in the reduction in the network link rate to the
first network hink rate.

(8673} According to aspects of this disclosure, video rate controller 54 may determine
how long to maintain the recovery rate based on how much data is buffered at video

encoder 20 {or, more generally, how much data is butfered at a sender device that
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mchides video encoder 20) between the time of the identification of the reduction in the
network link rate and an estimated actoal time of the reduction in the network link rate.
The time associated with buffering the data at the sender device may be referred to
herein as the buffering duration (or buffering time period}, while the duration with
which to maintain the recovery rate may be referred to herein as a recovery rate duration
{or reduced rate time pericd). In some nstances, the recovery rate duration may also be
referred to as an undershoot duration or period, because the rate at which data is
encoded during the recovery rate duration is less than the network link rate.

16074} As described in greater detail with respect to FIG. § below, video rate controller
54 may determine the buffering duration in a variety of ways. For example, video rate
controlier 54 may determine the buffering duration by cstimating the buffering duration
from network Hnk rate information 56, such as round-trip-time (RTT) between the
sender device that incorporates video encoder 20 and a receiver device, downlink delays
{(e.g., receiver to sender delays), data regarding a rate adapiation reaction delay, a
reaction delay of the congestion control {o.g., estimation of link rate), message
generation delays (RTCP packets), or the like. The network link rate information $6
may be available at videc encoder 20 or may be signaled to video encoder 20 by the
receiver device,

[8875] According to aspects of this disclosure, video rate controller 54 may determine
the recovery rate duration based on a8 magnitude of the recovery rate and based on the
buffering duration. In some exampies, video rate controller 54 may determine a
buffering duration that is proportional to the magoitude of the reduction of the network
Hink rate {e.g., as indicated by the recovery rate) and the amount of time associated with
reacting to the reduction of the network hink rate (c.g., as indicated by the buffering
duration). That is, if the reduction in the network link rate is relatively large and/or the
time noeded to react to the reduction in the network Hnk rate is relatively long, video
rate controller 54 may determine a recovery rate duration that is proportionately long,
Likewise, if the reduction in the network lnk rate is relatively small and/or the time
needed to react to the reduction in the network link rate is relatively short, video rate
controller S4 may determine a recovery rate duration that is proportionately short.
{8676} According to other aspects of this disclosure, video rate controller 54 may
additionally or alternatively perform rate up-switching based on network conditions.
For exaraple, video rate controller 54 may receive network link rate information 56

from a receiver device such as a device that includes decoder system 14 (FIG. 1), Video
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rate controller 54 may use the received network hink rate information 56 to up-switch
the sending rate (e.g., encoding rate) being used by video encoding engine 50 to encode
data.

(80877} In some examples, the received network link rate mformation 56 may mnclude a
particular requested sending rate {e.g., encoding rate) being implemented by video
encoding engine S8, In other examples, the recetved network link rate information 56
may include a rate step increase to be added to a current sending rate {(e.g., 2 sending
rate step). [n cither case, as described in greater detatl with respect to FIG. 3 below, the
reccived network link rate information 56 may be based on an excess delay parameter
that mdicates that packets have been recetved at the receiver device before the packets
are schoduled to be played out. In such instances, video rate controller 54 may increase
the sending rate used by video encoding engine 50 until the arrival time of packets more
closely coincides with the scheduled playout time of the packets at the receiver device.
18878} It should be understood that, while the techniques of FIG 2 are described as
heing carricd out by a particular component of FIG 2 {e.g., such as video rate controller
54y, such techniques may additionally or alternatively be performed by one or more
other components of a video telephony device. As an example, an MTSI device may
carry out cortain techniques described above to perform rate adaptation and/or
congestion control. In this example, the MTST device may then provide data to video
rate controller 54 for implementing the appropriate rate control at video encoder.

18479} FIG. 3 is a block diagram illustrating video decoder system 14 that may
implement video source rate adaptation in accordance with the techniques of this
disclosure. As shown in FIG. 3, video decoder 42 recetves encoded data and network
Enk rate information 60 and includes a video decoding engine 62, playout determination
unit 64, and rate contro] unit 66 that generates a rate control data 68,

(8088} Video decoding engine 62 reccives encoded data and network link rate
mformation 60 and decodes the video data. In some examples, video decoding engine
62 may conform to one or more video coding standards. As noted above, example
video coding standards include HEVC, MPEG4, TTU H.263 or ITU H.264.

16081} The rate at which the video data is received may be controlled by video rate
controller 54 of video encoder 20 (FIG 2). According to aspects of this disclosure, rate
conirol unit 66 may prepare and send rate control data 68 to video encoder 20 foruse in
adjusting the encoding rate. Tn some examples, rate control data 68 may inchude data

for performing down-switching at the sender device. In other examples, additionally or
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aliernatively, rate control data 68 may include data for performing up-switching at the
sender device. Rate control unit 66 may prepare data that allows the sender device to
determine the appropriate bit raie, or may request a particular bit rate from the sender
device,

{8082} With respect to preparing data for down-switching, according to aspects of this
disclosure, rate control unit 66 may determine a recovery rate, a buffering duration,
and/or a recovery rate duration in a manner similar to that described above with respect
to FI1G. 2. In other examples, rate control unit 66 may generate data and/or transmit
messages that may be used by a sender deviee (such as encoder system 12) to deternune
a recovery rate, a buffering duration, and/or a recovery rate duration.

(8083} In onc cxample, rate control unit 66 may generate an RTCP Temporary
Maximum Media Stream Bit Rate Request (TMMBR) message to the sender device
with an estimated maximum bit rate for a forward channel to indicate a reduction in the
network link rate. In general, as described in RFC 5104 noted above, a receiver,
translator, ot mixer may use a TMMBR {referred 1o as a "timber™) to request a sender to
Bt the maximum bit rate for a media stream to, or below, the provided value. The
Temporary Maximum Media Stream Bit Rate Notification {TMMBN) contains the
media sender’s curront view of the most Hoiting subset of the TMMBR-detined limits it
has received to help the participants to suppress TMMBRs that would not further
restrict the media sender.

18884] According to aspects of this disclosure, a change in the cstimated maximum bit
rate for the forward channel from a first rate to a second, lower rate indicates a reduction
in the network link rate. In some examples, rate control unit 66 may send the TMMBR
immediately or nearly fmmediately after congestion is detected {(e.g., there may be
message gencration delays associated with generating the TMMBR message). While s
TMMBR message 1s described for purposes of illustration, it should be understood that
a variety of other messages that indicate delays/congestion may be used.

18085] To facilitate the sender device with estimating the buffering duration described
herein, rate control unit 66 may also generate and transroit an RTCP receiver repott
(RR) message. For example, as described in RFC 3550 noted above, several RTCP
packet types may be ased to carry a variety of control information. A sender report
{SR) may be used for transmission and reception statistics from participants that are

active senders. An RR may be used for reception statistics from participants that are not
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active senders and in combination with SR for active senders reporting on more than 31
sources.

{8086} According to aspects of this disclosure, rate control vuit 66 may gencrate and
transmit an RR message after the TMMBR message, ¢.g., inunediately or nearly
mmmediately after the TMMBR message. In this example, the sender device may
receive the TMMEBR message and the RR message and may determine an upper bound
for the buftering duration as a difference in time between the time of sending an SR that
18 referred to in the RR by the last SR timestarnop (LSR data) included in the RR and the
time that the RR is received by the sender device. In other words, rate conirol unit 66
may send first data that indicates a request for a bit rate imitation (e.g., the TMMBR.
message) and sccond data that indicates a time at which a2 message was generated (e.g.,
the LSR data). The LSR data may mchide the middle 32 bits out of a 64 bit network
time protocol (NTP) timestamp received as part of the most recent RTCP SR packet
from a source. If no SR has been received yet, the LSR timestamp ficld may be set to
zera. The sender device may receive the above-noted data and may use the data to
determine a buffering duration, which may be used during down-switching.

{80871 In another example, rather than sending two separate successive messages {¢.g.,
a TMMBR and an RTCP KR}, rate control unit 66 may group the TMMBR data and
RTCP RR data inte a single RTCP message and may send the single message to the
sender device. Ata minimom, rate control unit 66 may send the LSR data, which
allows the sender device to estimate the buffering duration. In this exanple, the
message size may be reduced relative to sending two scparatc moessages.

16088} In some examples, rate control unit 66 may use the L3R of the last reccived
RTCP SR 1o send to the sender device, even if rate control unit 66 had previously sent a
RTCP RR that has the same LSR. If rate control unit 66 had not yet sent an RR, rate
control unit 66 may combine a full RR with the TMMBR. In other examples, 1o reduce
the message size, rate control unit 66 may only send the LSR data together with the
TMMBR, which the sender device may receive and use to determine the RTT. In still
another example, if rate control unit 66 had already sent an RR, the sender device may
compute the buffering duration more accurately as the time difference between the time
of receiving the last received RR and the time of receiving the new RR (e.g., the RR that
was sent by rate control unit 66 afier congestion was detected).

(808G} Ratc control unit 66 may also determine a recovery rate duration and/or generate

and send data to a sender device to determine the recovery rate duration. For example,
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aliernatively 1o or in combination with the techniques deseribed above, rate control unit
66 (or the sender device) may monitor the RTCP RR inter-arrival jitter to determine
when to end the recovery rate duration. In general, inter-arrival jitter data may provide
an estimate of the statistical variance of the RTP data packet inter-arrival time,
measured in timestamyp units and expressed as an unsigned integer. The inter-arrival
jitter J may be defined to be the mean deviation (smoothed absohie value) of the
difference D in packet spacing at the receiver compared to the seader for a pair of
packets. As shown in the equation (1) below, this is equivalent to the difference in the
"relative transit time"” for the two packets; the relative transit time 15 the difference
between a packet’'s RTP timestamp and the receiver's clock at the time of arrival,
measured in the same units. I Siis the RTP timestamp from packet 1, and Ri is the time
of arrival in RTP timestamp units for packet 1, then for two packets 1 and §, I may be
expressed as:

DLy = (Rj - R - (51 - S =(Rj - Sp - (Re- 5i) (1)
16096] According to aspects of this disclosure, the sender device may torminate the rate
reduction {¢.g., the sender device may ncrease the sending rate from the reduced rate to
approximately the network Hnk rate) if the inter-arrival jitter becomes zero or smaller
thao a threshold value. The threshold may be constant or adaptive to changing network
conditions. In some examples, the sender device may termuinate the rate reduction upon
the inter-arrival jitter being maintained at zero or smaller than a threshold value fora
minimum peried of time. In some instances, the more frequently that rate conirol unit
66 signals the RTCP SR and RR, the more accurately the sender device may monitor the
inter-arrival jitter.
(60911 In still another example, a sender device (such as encoder system 12} may
monitor the delay (c.g., RTT) and the sender may maintain the sending rate at the
reduced rate unt the delay 1s sufficiently reduced. For example, the sender device may
maintain sending rate at the reduced rate until the quantity of data stored to the buffer
falis below a threshold level
16092) In other techniques of this disclosure, plavout deterodnation unit 64 may
examine the received video packets and determine whether the received data is arriving
carly, in-time, or too late for their scheduled playout. The scheduled playout timing
may be ndicated with the encoded data. If the packets are arriving late (e.g., the

playout time occurs before the packets are received/exanduned), rate contrel unit 66 may
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request the sender device 1o decrease the sending bit rate. In some examples, rate
condrol vnit 66 may send 8 TMMBR message with the sclected rate.
(8093} According to some aspects, rate control unit 66 may cstimate an amount of back-
logged data (e.g., data butfered at the sender device) by deternining the amount of
excess delay that needs to be removed and multiplying this excess delay parameter by
the data rate of the arriving video as measored by rate control unit 66. In other words,
rate contro] unit 66 may determine a delay based on a differcnce between at time at
which the data is received/examined and the playout time indicated with the data. Rate
control ynit 66 may then multiply this delay time by the bit rate at which data is being
received to determine an amount of data being buffered by the sender,
(8094} In somme examples, rate control unitt 66 may request an initial rate (c.g., n the
TMMBR message) that is lower than a sustainable rate of the transport path between
video decoder 42 and the sender device {e.g., a useable bandwidth of the network hink)
to allow the system to decongest the channel. In an example, rate control unit 66 may
select an wutial rate that is low enough to enable the system to decongest the channel in
a fixed amount of time (indicated by the variable T decongest). {fthe variable
R_sustain is equal to the sustainable rate of the chamnel, and the variable ADelay is
equal to the amount of delay that needs 1o be removed, then rate control unit 66 may
mitially request the sender device to encode data at bit rate R according to equation (2)
below:

R =R sustain (1- ADelay/T decongest) (2}
After sending the message that inchudes the requested bit rate {c.g., the TMMBR
message), rate control unit 66 may wait for the decongestion time {1 _decongest) 1o
clapse. Rate control onit 66 may then send another requested bit rate {(e.g., an additional
TMMBR message) at the rate that is sustainable by the network link (R_sustain}, thus
ending the decongestion period.
[8095] In another example, rate control unit 66 may not send another message {e.g., the
additional TMMBR message) to increase the rate. In this example, rale control unit 66
may simply begin measuring an allowable amount of delay {(c.g., a delay that is lower
than a predetermined threshold). I rate control unit 66 determines that the amount of
delay is smaller than required {e.g., the packets are arriving carlier than required for
properly scheduled playout), then rate control unit 66 may send another message {¢.g.,

another TMMBR message) to increase/ranp up the sender device encoding rate.
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160%6] With respect to up-switching, when a channel between a sender device and a
recetver device (such as channel 16 between encoder system 12 and decoder system 14
{FIG. 1)) is being under utilized by the sender device it is likely that the delivery of
video packets to video decoder 42 will occur before such video packets actually need to
be played out (e.g., received before a playout time indicated with the data). In such
nstances, the sender rate may be increased and some additional delay may be
introduced into the system without negatively affecting the user experience.
180571 The excess bits that may be introduced into the transmission path may be
computed according 1o equation (3) below in instances in which the channe! bandwidth
is equal to the average receiving rate measured at rate control unit 66 (e.g., the worst
case with no spare channel bandwidth available):

excess_bits = rate_increase step ¥ (RTT + receiver detection_delay) (3}
where excess bity mdicates additional bits being introduced into the system,
rate increase siep indicates an increase in the encoding rate, RTT indicates a round trip
time, and receiver detection_delay indicaies a delay associated with detecting delay in
the system by the receiver {(which may be determined according to any of the techniques
described herein).
(8098} In some examples, rate control unit 66 may determing the corresponding worst
case excess delay (excess_delay)y due to the execss bits being introduced {excess_hits)
according to equation (4) below:

excess delay = rate _increase step ® (RTT+ receiver detection_delay)/

avg receiving rate  (4)
where excess_delay indicates an amount of delay introduced at the sender device,
rafe increase step indicates an increase in the encoding rate, R77 indicates a round trip
time between the sender device and video decoder 42, receiver detection delay
indicates a delay associated with detecting delay fo the system by rate control unit 66,
and avg receiving rate indicates the rate at which data 1s being received at video
decoder 42.
160991 Hence, in some exanples, according to aspects of this disclosure, rate control
unit 66 of video decoder 42 may determine a number of excess bits associated with a
particular rate increase (e.g. excess bifs) and a delay associated with the introduction of
the excess bits {e.g., excess _delav).
[8186] Rate control unit 66 may calculate a rate increase amount based on the allowable

excess delay parameter. For example, rate contrel unit 66 may deternuine how much the
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sending rate may be increased by the sender device without introducing congestion
and/or delay into the system according to equation (S) below:

+ receiver_detection_delayy (5}
where rafe_increase_step indicates an amount by which the sending rate may be
ncreased (which may be referred to as a sender bit rate increase),
alfowable excess delay indicaies an allowable excess delay parameter (as described in
greater detail below), ave receiving rate mdicates an average rate at which data has
been received prior to determining the rate increase, RT7 indicates a round trip time
between video deceder 42 and a sender device (such as video encoder 20) and
receiver_detection_delay jndicates an amnount of time required to identify delay at video
decoder 42. In some instances, the receiver detection delay parameter may be
implementation dependent and may be estimated or measured in offline testing. Hsuch
a receiver detection delay is not available, rate control unit 66 may be configured to use
an cstimnated reaction delay, which may be a relatively conservative estimate of the time
needed for rate control unit 66 to identify delay.
{6161} Because the one-way delay from the sender device to the receiver device that
includes video decoder 42 is generally unknown to the receiver device, the receiver
device typically may not use this to calculate the allowsable excess delay parameter
{allowable excess delay). Instead, according to aspects of this disclosure, rate control
unit 66 may determine an amount of allowable excess delay from the received video
packets. For example, rate control unit 66 may determine a time at which video packets
are received and/or processed at video decoder 42. Rate control unit 66 may also
determine a time at which the video data associated with the video packets are
designated to be played out {(e.g., displayed 1o a user). Rate control unit 66 may
determine an allowable excess delay parameter based on a difference between the time
at which the packets are received and/or evaluated and the playout time).
14182} The allowable excess delay paramcter may generally indicate an amount of time
that may be utilized by the sender device as a basis for increasing the bit rate without
impacting the user expericnce. For example, the allowable excess delay parameter may
mdicate an amount of time that may be used to increase the sending rate without
impacting user experience, ¢.g., without increasing the sending rate to a rate that is not
supportable by chanmel 16 such that data arrives too late at video decoder 42 1o be

decoded and played out at the appropriate time. The allowable excess delay metric may
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be more accurate from a user-experience perspective, sinee the allowable excess delay

parameter directly indicates whether the video information in received packets may

actually be displayed to the user without degradation {c.g., such as jitler, stuttcring, or

lost frames).

[8183] According to aspects of this disclosure, based on the above analysis, rate control

unit 66 may mmpose the following requirements at a receiver device and a sender device

to perform up-switching:

®

The recetver shall examine the arrival of packets and compare this to their
regularly scheduled playout times to determine whether there is an acceptable
amount of delay that can be introduced into the transmission pati:
aliowable excess delay
The receiver shall examine the arrival of packets to calculate the average
The receiver shall caleulate the roundtrip time: RTT
The receiver shali calculate the rate increase step as follows:

rate_increase step = allowable excess delay * avg receiving rate/
(RTT + receiver _detection_delay)
When allowed by the Audio Visual Provide with Feedback (AVPF) RTCP
frangmission rules, the receiver:

should send a Temporary Maximum Media Stream Bit rate Request
{TMMBR) when it detects that the rate_increase siep > 5% x
avg receiving vate, and

shall send a TMMBR when it detects that the rafe_increase step > 15%
X avg receiving vale
When sending 2 TMMBR. message the reqguested rate in the TMMBR:

should be equal to:

avyg receiving rale -+ rate increase slep
shall be:
avg receiving rate + 0.80(rate_increase step) <=

requesied vate <= qvg rveceiving vate +rate increase siep

[#104] In addition, according to aspects of this disclosure, the following requirements

may be imposed at the sender device to perform up-switching:

®

Upon receiving a Temporary Maximum Media Stream Bit Rate Request
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{(TMMBR), the video sender should ramp up its sending rate to the

requested _rafe within S00ms and shall ramp 1t op within | second.
(8165} 1t should be understood that the “requirements” noted above are provided for
purposes of example, and that the techuiques of this disclosure may also be applied
using different values than the specific values described above. n addition, while
particular techniques are ascribed to particular units of FIG. 3 for purposes of
explanation (e.g. such as rate control unit 66}, it should be undersiood that one or more
other units of video decoder 42 may be responsible of carrying out such technigues.
Moreover, because VT s often a two-way commmumication flow, similar techmicques may
be applied on both the forward and reverse network paths, e.g., by both a device
designated herein as a sender device (such as a device that incorporates video encoder
20 of FIG. 2) and a device designated herein as a receiver device {such as a device that
meorporates video decoder 42 of FIG. 3).
18106} FIG. 4A and FIG. 4B are graphs illustrating video source rate adaptation
techniques counsistent with this disclosure. For example, FIG 4A generally ilustrates 2
bit rate of encoded data at a sender device {e.g., such as encoder system 12) during a
time that inclodes a decrease in a network link rate. FIG 4B generally illustrates the
resulting delay that is associated with the decrease in the network fink rate. The
techniques of FIG 4A and 4B are described with respect to encoder system 12, it should
be understood that the techniques may be carried out by a variety of other sender
devices having a varicty of other components.
18167} In the cxampie of FIG. 4A, at time instant t,, a link rate (also reforredto as a
network link rate or bandwidth) decreases from Ro to R as iHlustrated by Hne 80, where
sending rate = hink rate). In response to the decline in the network link rate, encoder
systern 12 may reduce the sending rate. However, as shown in the example of FIG. 44,
there s a response delay (AT) from to to 4 associated with reducing the sending rate, as
illustrated by dashed line 82. The response delay may also be described hereinas a
buffering duration, during which time the seading ratc overshoots the network link rate
and encoder system 12 s responsible for butfering the data that camuot be
accommodated by the network link.
[81G8] As ilhustrated by line 84 in the example of FIG. 4B, delay {c.g., the time between
encoded data being available for transmission and the time the enceded data is actually
transmitted) increases relatively quickly from Dy to Dy during the response delay (AT).

That 1s, delay imercases relatively quickly from Do to 31 between the time of the decline
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in the network Hnk rate 1 and the time of the identification of the decline m the network
link rate ;. The delay may be proportional to an amount of data that is buffered at
encoder system 12,
[81G9] At time t;, the examples of FI(G. 4A and 4B illustrate diverging sending rate
techniques. For example, solid Hne 80 illustrates a first exarople m which encoder
system 12 maintains the sending rate at the network Hnk rate. For example, upon
identifying the decline in the network link rate, encoder systom 12 reduoces the sending
rate from the original rate Rp to the new, reduced network link rate R, In this example,
the corresponding delay remains relatively high, as illustrated by solid line 88, That 15,
because the sending rate is set at the network Hnk rate Rs, there i3 no excess bandwidth
with which to reduce the amoumt of data that has been butfered.
{8116} Dashed lines 82 and 86 illustrate a second example in which encoder system 12
reduces the sending from the original rate Ry a reduced rate Ry; that is lgss than the
network link rate Ry, This may be reforred fo as “undershooting” the network link rate.
In this exarople, encoder system 12 may maintain the reduced rate Ry for a detormined
recovery rate duration (AT}, During this time, as llustrated by dashed line 90, encoder
systermn 12 reduces the delay from Dy to Dy at time to,
(8111} As described herein, encoder system 12 may determine the reduced rate (RU),
the buffering duration (AT), and the recovery rate duration (AT,) using a variety of
technigques. In one example, encoder system 12 may determine the reduced rate Ry
based on the expression (1-fi;) * Ry, where fir is an undershoot factor and R, is the
reduced link rate, and with fy, determining the rate undershoot factor (1-f1) and G<f<i,
which relates the sending rate to the link rate R;. In some cxamples, fu may be
dependent on the magnitude of the network link rate drop, which may be represented by
the equation AR = (R¢-Ry). In this example, as shown in FIG. 4A, Re is the first
network link rate prior te being reduced. If the magoitude of the network fink rate
dechine AR is large, fu may be proportionally large. In other examples, if AR 15 small,
then fu may be proportionaily small, as shown in equation (6} below:

fU = AR/ R(}, (f)\)
[8112] M encoder system 12 buffors all of the bits during the buffering duration (AT)
and contribute to a delay, encoder system 12 may determine the recovery rate duration
{AT,) based on equation (7) below:

AT, = AT (Re-R))/ (f0 R (

~3

s
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where AT, 1s the recovery rate duration, AT comprises the buffering duration, Rg
comprises the first network link rate, R; comprises the second, reduced network link
rate, and fi; comprises the rate reduction factor.
(8113} In some examples, encoder sysiern 12 may apply a minimum bit rate
vequirement. The mindmnum bit rate requirement may be based on the capability of
video encoder 20, minimum system requirements for aser experience, or the like. In
exaraples in which encoder system 12 applics 2 minimur bit rate requirement, video
encaoder 20 may apply the minimum bit vate requirernerd o Ry and, theretore, also 1o the
undershoot factor fi. For example, encoder system 12 may apply equations (8) and (9)
below to determine the reduced rate Ry and the undershoot factor fi1:

Ry>=Rpm  (R)

f; <= E“(Rmin/iRl) with Ry > R (L)\)

reduced network link rate, and fiy is the undershoot factor.

16114} I during the recovery rate duration (ATy) a TMMBR message is received by
encoder system 12 that carries a new rate value Ro, and Ry is significantly larger than Ry
{c.g., Ry is greater than or equal to 1.2 multiphied by Ry), then encoder system 12 may
shorten the recovery rate duration. Conversely, if Ry is less than R, then encoder
system 12 may determine an additional or extended recovery rate daration.

[8115] In general, as noted above with respect to FIGS. 2 and 3, encoder system 12 may
estimate the buffering duration (AT) from network information, such as RTT, downlink
delays (e.g., receiver 1o sender), knowledge about rate control reaction delay, reaction
delay of the congestion control {e.g., estimation of link rate), message generation delays
{c.g., delay associated with generating RTCP packets), or the ke, This network
information may be available at the sender side or may be signaled to encoder sysiem 12
by a receiver device, such as a device that incorporates video decoder 42 (FIG. 3).
(8116} While the example of FIGS. 4A and 4B illustrate step-wise changes {¢.g., 4
single rate change between Ro and Ry for purposes of illostration, it should be
understood that the techniques may be tteratively applied such that the undershoot
profile is more gradaal.,

[8117] FIG. § is a conceptual diagram iHostrating determining a buffering doration
consistent with the techuigues of this disclosure. In the example of FIG 5, a sender
device {e.g., such as encoder system 12) may send an RTCP sender report (SRY to a

veceiver device (e.g., such as decoder system 14) at time 120, For example, as
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described m RFC 35350 as noted above, several RTCP packet types may be used to carry
a varicty of control nformation. A sender report {SR) may be used for transmission and
reception statistics from participanis that are active senders. Likewise, a receiver report
{HR} may be used for reception statistics from participands that arc not active senders
and in combination with SR for active senders reporting on more than 31 sources. The
receiver device may receive the RTCP SR at time 122

18118} The recciver device may send an RTCP TMMBR message to a sender device
with the estimatod maximoum bit vate for the forward channel at time 124, Insome

ges, the

examples, while there may be delays associated with generating the messa
recetver device may send 2 TMMBR message immediately after detecting congestion.
While a TMMBR message is described for purposes of illustration, a variety of other
messages that may indicate delays/congestion may be used.

(81198} To facilitate the sender device with gstimating the buffering duration (AT), the
receiver device may also send the RTCP RR message at time 124, According (o aspects
of this disclosure, a recetver device may send a RR message immediately after the
TMMBR message. In this way, the sender device may receive the TMMBR message
and RR message at ime 126 and may compuie the upper bound for the buffering
duration {AT} 128 as the time difference between sending the SR that is referred to in
the RR by the last SR timestamp (LSR data) included in the RR and the time that the
RR 15 received. In other words, the receiver device may send first data that indicates a
request for a bit rate Hmitation (e.g., the TMMBR message) and second data that
indicates a time at which a message was generated {¢.g., the LSR data). The LSR data
may mclude the middle 32 bits out of a 64 bit network time protocol (INTP) timestamp
recctved as part of the most recent RTCP SR packet from a source. If no SR has been
received yet, the LSR timestamp field may be set to zero.

(8128} In another cxanple, rather than sending two separate successive messages {¢.g.,
TMMBR and RTCP RR) with the above-noted data, the TMMBR data and RTCP RR
data may be grouped indo a single RTCP message. At a munimum, the receiver device
may send the LSR data, which allows the sender device to estimate the buftering
duration (AT) 128, In this example, the message size may be reduced.

{81213} The recetver device may use the ESR of the last received RTCP S8R message,
even if the receiver device had previously sent a RTCP RR message that has the same
LSR. Ifthe recetver device had not yet sent an RR, the receiver device may combine 2

full RR message with the TMMBR message. In other examples, 10 reduce the message
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size, the receiver device may only send the LSR data together with the TMMBR
message, which may be used to compute the RTT.

18122} In ancther example, if the receiver device has already sent an RR, the sender
device may compuie the buffering duration (AT) 128 more accurately as the time
difference between receiving the last received RR message and the new RR message
{e.g., that was sent by the receiver after congestion was detected).

13123} In still another exanple, the sender device may monitor the delay {c.g., the RTT)
and the sender deviee moay keep sending data at the reduced rate R, until the delay is
sufficiently reduced. For example, the sender device may maintain the sending rate at
the reduced rate Ry antil the quantity of data stored to a buffer of the sender device falls
below a threshold level.

(8124} FIGS. 6A and 6B are graphs illustrating a network link rate dechine and a
corresponding delay time, respectively. The graph of FIG. 6A may be associated with
fine 80 of FIG. 4A, while the graph of FIG 6B may be associated with line 88 of FIG.
48. For example, FIG. 6A shows a notwork bandwidth 140 iHustrated by the dashed
line (also referred to as network Huk rate) and a sending rate 142 illastrated by a solid
Ene {(also referred to as an encoding bit rate) (e.g., measured in kilobytes per second
(KBPS)). As Ulustrated in FIG. 6A, a sender device {e.g., such as encoder system 12}
may eoncode data at sending rate 1472 at a rate the same as or similar to bandwidth 140.
Accordingly, when bandwidth 140 s reduced at time 144, the sender device may reduce
sending rate 142 to approximaiely the same value as bandwidth 140.

16128} As shown in the corresponding delay graph of FIG. 6B, following the decline in
bandwidth 140, the delay at encoder system 12 may be increased from a first level 146
to a second level 148 (e.g., measured in milliseconds (MS)). As described herein, delay
rises upon the decline in bandwidth, because there is a reaction time associated with
reducing sending rate 142 to the level of bandwidth 140, Encoder system 12 may buffer
buffers data that is encoded at the original (higher) rate prior to reducing sending rate
142 to match bandwidth 140. As shown in FIG. 6B, the delay may persist for a
relatively long duration if techuiques to reduce the delay are not applied.

16126} FIGS. 7A and 7B are graphs illastrating a network fink rate dechine and a
corresponding delay time, respectively. The graph of FIG 7A may be associated with
lines 42 and 86 of FIG 4A, while the graph of FIG. 7B may be associated with dashed
line 90 of FIG 48, For example, FIG 7A shows a network bandwidth 160 illustrated by

a dashed line (also referred to as network Hnk rate) and a sending rate 162 ilustrated by
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a solid Hne {also referred to as an encoding bit rate) {e.g., measured in kilobytes per
second (KBPS)). As illustrated in FIG. 7TA| a sender device (e.g., such as encoder
system 12} may initially encode data at sending rate 162 at a raie the same as or similar
to bandwidth 160,

(81271 According to aspects of this disclosure, when bandwidth 160 1s reduced at time
164, the sender device may reduce sending rate to an reduced rate that is less than
bandwidth 160. That is, the sender device may determine a sending rate 162 that
undershoeots bandwidth 140 in order to reduce the delay associated with the decline in
bandwidth 160, Asg described herein, the sender device may determine a buffering
duration, a reduced rate, and/or a recovery rate duration according to the techmiques of
this disclosure.

[8128] As shown in the corresponding delay graph of FIG. 7B, following the decline in
bandwidth 169, the delay at encoder system 12 may be increased from a first level 166
to a second level 168 {e.g., measured in milliseconds (MS}). As noted above, delay
rises upon the decline in bandwidth, because there is a reaction time associated with
reducing sending rate 162 in response to the decline in bandwidth 160, However, by
reducing sending rate 162 to a reduced rate {ondershooting bandwidth 160), encoder
systern 12 may reduce the delay more rapidly than the example shown in FIG 6B,
(8128} FIG. 8 is a flow diagram illustrating an example process for down-switching a
rate at which data is transmitted. The example of FIG & 15 described with respect to
encoder system 12 for purposes of illustration. However, it should be understood that
the process of FIG. ¥ may be carried out by a variety of other devices and/or processors,
16138] Encoder system 12 may encode and transmait data over a network at a first rate
{180}, While transmitting the data at the first rate, encoder system 12 may identify a
reduction in the network link rate from a first rate to a second rate (182}, For example,
encoder system 12 may monitor network conditions and/or receive one or moye
messages that indicate a reduction in the network hink rate.

1#131} Encoder system 12 may determine a rocovery bit rate that is less than the second
(reduced) network Hnk rate (184). For exaropie, encoder syster 12 may determine a bit
rate for encoding data that undershoots the new network link rate. According to aspects
of this disclosure, encoder system 12 may determine the recovery bit rate based on the
difference between the first network Hnk rate and the reduced network fink rate. For
example, if the reduction in the network hnk rate is relatively large, encoder systom 12

may deternine a recovery bit rate that is relatively aggressive (¢.g., undershoots the



WO 2016/019019 PCT/US2015/042664

reduced rate by a substantial margin). Likewise, if the reduction in the network Hnk rate
is relatively low, encoder system 12 may determine a recovery bit rate that is relatively
conservative {c.g., undershoots the reduced rate by a relatively small marging.

(8132} Encoder system 12 may also determine a buffering duration based oun a reaction
delay (e.g., a time associated with reducing the sending rate in response to the reduction
in the network hink rate) (1863, Encoder system 12 may determine the buffering
duration in a varicty of ways. For example, encoder system 12 may determine the
buffering duration by estimating the buffering duration from network information, such
as round-trip-time (RTT) between encoder system 12 and a receiver device, downlink
delays, a rate adaptation reaction delay, a reaction delay of the congestion control,
message gencration delays, or the hike. Focoder systern 12 moay detormine the network
mformation independently or may receive the network information from the receiver
device.

18133} Encoder system 12 may then determing the recovery rate duration to maintain
the recovery bit rate {18R8). In some examples, encoder system 12 may determine the
recovery rate duration based on a magnitude of the recovery rate and based on the
buffering duration. In some examples, encoder system 12 may determine a buffering
duration that is proportional to the magnitude of the reduction of the network link rate
{e.g., as indicated by the recovery rate) and the amount of ime associated with reacting
to the reduction of the network link rate (e.g., as indicated by the buffering duration).
1#134] Encoder system 12 may transmit data at the recovery bit rate for the recovery
rate duration (190). In some exaraples, if the network link rate increases during the
recovery rate duration, encoder system 12 may terminate the recovery rate duration
carly and may up-switch to a higher sending rate. It should be understood that
depending on the example, ceriain acts or events of any of the techniques described with
respect to FIG. 8 may be performed io a diffcrent sequence, may be added, merged, or
left out altogether (e.g., not all described acts or events are necessary for the practice of
the techniques).

16138] FIG. 9 15 a flow diagram dlustrating an exaniple process for up-switching a rate
at which data is transmitted. The example of FIG 9 is described with respect to decoder
systemn 14 for purposes of tHustration. However, it should be understood that the
process of FIG, 9 may be carried out by a variety of other devices and/or processors.
18136} Decoder system 14 way determinge a time at which data is received (200). For

example, in some instances, decoder system 14 may identity the time at which data is
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reccived and stored at decoder system 14, In other instances, decoder system 14 may
identify the time at which the data is processed (e.g., decoded) by decoder system 14,
(8137} Decoder system 14 may also determine a playout time of the received data
{202). For cxample, the received data may include an indication of the time at which
the data is intended to be output for display to 2 user. Accordingly, the mdication of the
playout time may assist the decoder system 14 in organizing data for output.
14138} Decoder system 14 may determing an aliowabie cxcess delay parameter (204).
For example, decoder system 14 may determine the allowable excess delay parameter
based on a difference between the time at which data is received and the time at which
the received data is scheduled to be played out. As described herein, delay may refer to
the time between data being available for transmission across a network huk and the
time the data is actually transmitied to the network at the sender device. Accordingly,
the allowable excess delay parameter may indicate an amount of delay that is
supportable by the system before user experience is impacted. That is, the allowable
excess delay parameter may generally indicate an amount of time that may be utilized
by the sender device as a basis for increasing the bit rate without impacting the user
experience.
(8138} Decoder system 14 1uay then determine a sender bit rate increase (206). For
example, according to aspects of this disclosure, decoder system 14 may determine the
sender bit rate increase based on the allowable excess delay parameter. That 15, decoder
system 14 may determine how much the sending rate may be increased by the sender
device without introducing congestion into the system.
16148} In some examples, decoder system 14 may determine a step-wise rate increase to
be added to the sending rate. For example, decoder system 14 may determine the sender
bit rate increase based on the allowable excess delay parameter and e current average
sending rate at which data was received prior to determining the sending rate jncrease
{e.g., a current receiving rate). o this example, decoder system 14 may determine how
much the current sending rate may be increased without increasing the rate beyond a
sustainable ink rate (e.g., a rate at which packets arrive at decoder system 14 after a
scheduled playout time of the packets).
{81413} In some instances, decoder system 14 may also account for an amount of time
equired to transmit messages between decoder system 14 and a sender device {e.g., 2
round trip time) and/or g delay associated with wdentifying delay at decoder system 14,

For example, decoder system 14 may determine the sender bit rate fncrease based on a
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ratio of the allowsable excess delay parameter multiplied by the receiving rate to a sum
of the round trip time and a time for detecting a delay at decoder system 14,

(8142} Decoder system 14 may then trapsmit an indication of the sending rate increase
{208). For example, decoder systemn 14 may send data that represcuts a step-wise
sending rate increase to the sender device for the sender device to add to the sending
rate. In another example, decoder system 14 may send data that represents a requested
sending raie that incorporates the sending rate increase o the sender device.

163143} In some examaples, decoder system 14 may only transmit the indication of the
sender bit rate increase when the sender bit rate increase exceeds a threshold amount.
For example, decoder system 14 may compare a sender bit rate increase to a
predetermined threshold. To one example, decoder system 14 may ondy transmit the
mdication of the sender bit rate increase when the sender bit rate increase exceeds
approximately five percent of the receiving rate. In another example, decoder system 14
may only transmit the indication of the sender bit rate increase when the sender bit rate
increase exceeds approximately fiftecn percent of the receiving rate. Other threshold
values or percentages are also possible,

[6144] It should be understood that depending on the example, certain acts or events of
any of the techniques described with respect to FIG. 9 may be performed 1o a differerd
sequence, may be added, merged, or left out aliogether {e.g., not all described acts or
events are necessary for the practice of the techniqoes).

184145} While certain examples described herein have been described with respect tc a
particular perspective {¢.g., being performed by a “sender deviee” or a “receiver
device™} it should be understood that the technigues of this disclosure are not limited in
this way. For example, as noted above, VT is often a two-way communication flow.
Accordingly, similar technigues may be applied on both the forward and reverse
network paths, ¢.g., by both a “sender device” and a “receiver device.” Moreover, while
certain devices are shown and described with respect to a certain perspective for
purposes of illustration, it should be understood that the devices described hercin may
have more or fower components than those shown, As an example, 2 sender device may
mcorporate both video enceder 20 (FI1G. 2) and video decoder 42 (FIG. 3) and may
perform cach of the technigques described thereto.

{8146} In onc or more examples, the functions described may be implemented in
hardware, software, firmware, or any combination thercof, If implemented in software,

the functions may be stored on or transmitted over, as one or more mstractions or code,



WO 2016/019019 PCT/US2015/042664

[F%]
=

a computer-readable medium and executed by a havdware-based processing vnit.
Computer-readable media may inchude computer-readable storage media, which
corresponds o a tangible medium such as data storage media, or communication media
including any medium that facilitates transter of a computer program from oune place to
another, e.g., according to a communication protocol. In this manmer, computer-
readable media generally may correspond to (1) tangible computer-readable storage
media which is non-transitory or (2) a communication mediom such as a signal or
carrier wave., Data storage roedia may be any available media that can be accessed by
ONE OF THOTE COMPULETS OF ONE OF MO Processors to retrieve mstractions, code and/or
data structures for implementation of the technigues described in this disclosure. A
computer program product may include a computer-readable medium.

16147} By way of example, and not Hmitation, such computer-readable storage media
can comprise RAM, ROM, EEPROM, CD-ROM or other optical disk storage, magnetic
disk storage, or other magnetic storage devices, flash memory, ot any other medivim that
can be used to store desired program code in the form of mstructions or data structures
and that can be accessed by a computer. Also, any connection is properly termed a
computer-readable mediim. For example, if instractions are transmitted from a
wehbstte, server, or other remote source using a coaxial cable, fiber optic cable, twisted
pair, digital subscriber Hue (DSL), or wireless technologies such as infrared, radio, and
microwave, then the comaal cable, fiber optic cable, twisted pair, DSL, or wireless
technologies such as infrared, radio, and microwave are included in the definition of
medivm. It should be understood, however, that computer-readable storage media and
data storage media do not include connections, carrier waves, signals, or other transient
media, but are instead directed to non-transient, tangible storage media. Dnsk and disc,
as used herein, includes compact disc (CD), laser disc, optical disc, digiial versatile disc
(DVID), floppy disk and Blu-ray disc, where disks usually reproduce data magnetically,
while dises reproduce data optically with lasers. Combinations of the above should also
be included within the scope of computer-readable media.

16148} Instructions may be cxecuted by one OF more processors, such as one or more
digital signal processors (DSPs), general purpose microprocessors, appheation specific
imtegrated circuits (ASICs), field programumable logic arrays (FPGAS), or other
equivalent integrated or discrete logic circuitry, Accordingly, the term “processor,” as
used berein may refer to any of the foregoing structure or any other structure suitable for

mplementation of the techniques described heren. In addition, n some aspects, the
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functionality described herein may be provided within dedicated hardware and/or
software units or modeles configured for encoding and decoding, or mcorporated in a
combined codec. Also, the technigues could be fully implemented in one or more
circuits or logic elements.

{6149} The techniques of this disclosure may be implemented 10 a wide variety of
devices or apparatuses, including a wireless handset, an integrated civeuit (10} or a set of
iCs {e.g., a chip set). Various componenis, modules, or units are described in this
disclosure to emphasize functional aspects of devices configured to perform the
disclosed techniques, but do not necessarily require realization by different hardware
units, Rather, as described above, various units may be combined in a codec hardware
unit or provided by a collection of interoperative hardware units, including one or maore
processors as described above, In conjunction with suitable softwave and/or firmware,
(#1588} Various examples have been described. These and other examples are withio the

scope of the following claims.
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WHAT IS CLAIMED IS:
1. A method of processing data, the method comprising:

determining, by a receiver device, an allowable excess delay parameter based on
a difference between a time at which received data s received by the veceiver device
and a fime at which the received data is scheduled to be played out, wherein the
allowabie excess delay parameter indicates an amount of delay that is supportable by a
channel between a sender device and the receiver device;

determining, by the receiver device, a sender bit rate increase for increasing a bit
rate at which data is to be sent from the sender device to the receiver device based on
the determined allowable excess delay parameter; and

transmitting an indication of the sender bit rate increase to the sender device.

2. The method of claim 1, whercin determining the sender bit rate increase
comprises determining the sender bit rate increase only when the fime at which data is
reccived is carlier than the time at which the received data is scheduled to be played out,

such that the allowable excess delay parameter is greater than zero.

3. The method of claim 1, further comprising:

determining a receiving rate at which data has been received by the receiver
device prior to determining the sender bit rate increase; and

determining a round trip time for transeission of data between the receiver
device and the sender device,

wherein determining the sender bit rate ncrease comprises determining the
sender bit rate increasc based on the allowable excess delay paramcter, the receiving

rate, and the round trip tine.

4. The method of claim 3, wherein determining the sender bit rate increase based
on the allowable excess delay parameter, the receiving rate, and the round trip time
comprises determining a sending rate step increase based on a ratio of the allowable

excess delay parameter multiplied by the receiving rate to the round trip time.

5. The method of claim 3, further comprising determining the sender bit rate

merease based on a time for detecting a delay at the receiver device, such that
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determining the sender bit rate increase comprises determining the sender bit rate
icrease based on a ratio of the allowable excess delay parameter multiplied by the
receiving rate to a sum of the round trip time and the time for detecting a delay at the

receiver device,

6. The method of claim 1, wherein transmitting the indication of the sender bit rate

Increase comprises transmitting a rate step increase to be added to the sender bit rate.

7. The method of claim |, wherein transnutting the indication of the sender bit rate
fcrease comprises transmitting a requested sending rate to the sender device, the
requested sending rate comprising a combination of the sender bit rate increase and a
veceiving rate at which data has been received by the receiver deviee prior to

determining the sender bit rate increase.

8. The method of claim 7, whercin transmitting the requested sending rate
comprises transmitting the requested sending rate only when the sender bit rate increase
exceeds a predetermined threshold.

9. The method of claim 8, wherein the predetermined threshold 1s greater than
approximately five percent of the receiving rate at which data has been received by the

receiver device prior to determining the sender bit rate increase.

10, The method of claim ¥, wherein the predeternyined threshold is greater than
approximately 15 percent of the receiving rate at which data has been received by the

receiver device prior to determining the sender bit rate increase.

11, The method of claim 7, wherein transmitting the requested sending rate
compriscs generating a Temporary Maximum Media Stream Bit rate Request

(TMMBR) message that includes an jndication of the requested sending rate.

12, Areceiver device for processing data, the receiver device comprising:
a memory configured to store data; and

one or more processors configured to:
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determine an allowable excess delay parameter based on a difference
between a time at which the data is recetved by the receiver device and a time at
which the data is scheduled to be played out, wherein the allowable excess delay
parameter indicates an amount of delay that 15 supportable by a channel between
a sender device and the receiver device;

determine a sender bit rate increase for increasing a bit rate at which data
is to be sent from the sender device to the receiver device based on the
determined allowable excess delay parameter; and

transmit an indication of the sender bit rate increase to the sender device.

13. The device of claim 12, wherein to determine the sender bit rate mcrease, the
one of more processors are configured to determine the sender bit rate merease only
when the time at which data is received is earlier than the time at which the received
data is scheduled to be played out, such that the allowable excess delay parameter is

greater than zevo.

14. The device of claim 12, wherein the one or more processors are further
configured to;

determine a recciving rate at which data has been received by the receiver device
prior to determining the sender bit rate increase;

determine a round trip time for transmission of data between the receiver device
and the sender device; and

wherein to determine the sender bit rate increase, the one or more processors are
configured to determine the sender bit rate increase based on the allowable excess delay

parameter, the receiving rate, and the round trip time.

15, The device of claim 14, wherein to determine the sender bit rate increase based
on the allowable excess delay parameter, the receiving rate, and the round trip time, the
ome of more processors are configured to determine a scnding rate step tncrease based
on aratio of the allowable excess delay parameter multiphicd by the receiving rate to the

round trip time.

16.  The device of claim 14, wherein the one or more processors are further

configured to determine the sender bit rate increase based on a fime for detecting a delay
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at the recetver device, such that determining the sender bit rate increase comprises
determining the sender bit rate increase based on a ratio of the allowable excess delay
parameter muitiplied by the receiving rate to a sum of the round trip time and the time

for detecting a delay at the receiver device,

17. The device of ¢laim 12, wherein to transmit the indication of the sender bit rate
increase, the one or more processors are configured to transmit a rate siep increase to be

added to the sender bit rate.

18, The device of claim 12, wherein to transmit the indication of the sender bit raie
increase, the one or more processors are configured fo transmit a requested sending rafe
to the sender device, the requested sending rate comprising a combination of the sender
bit rate increase and a receiving rate at which data has been received by the receiver

device prior to determining the sender bit rate increase.

19, The device of claim 18, wherein to transmit the requested sending rate, the one
or mare processors are configured to transmit the requested sending rate only when the

sender bit rate increase exceeds a predetermined threshold.

24 The device of claim 19, wherein the predetermined threshold is greater than
approximately five percent of the receiving rate at which data has been received by the

receiver device prior to determining the sender bit rate increase.

21 The device of claim 19, wherein the predetermined threshold is greater than
approximately 15 percent of the receiving rate at which data has been received by the

receiver device prior to determining the sender bit rate increase.

22. The device of claim 18, wherein to transmit the requested sending rate, the one
o1 more processors are configured to generate a Temporary Maxinmum Media Stream
Bit vate Request (TMMBR) message that mclades an indication of the requested

sending rate.

23, The device of claim 12, wherein the device conmprises at feast one of:

an integrated circuit;
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8 MICTOPTOCessor; oF
a wireless commumication device.
24, An apparatus for processing data, the apparatus comprising:

means for determining an allowable excess delay parameter based on a
difference between a time at which received data is received by the receiver device and
a time at which the received data is scheduled to be played out, wherein the allowable
excess delay parameter indicates an amount of delay that is supportable by a channel
between a sender device and the receiver device;

means for determining a8 sender bit rate increase for increasing a bit rate at which
data 1s 10 be sent from the sender device 1o the receiver device based on the determined
allowable excess delay parameter; and

means for transmitting an indication of the sender bit rate increase to the sender

device.

25. The apparatus of claim 24, further comprising:

means for determining 8 receiving rate at which data has been received by the
receiver device prior to determining the sender bit rate increase;

means for determining a round trip time for transmission of data between the
receiver device and the sender device; and

wherein the means for determining the sender bit rate merease comprises means
for determining the sender bit rate increase based on the allowable excess delay

parameter, the receiving rate, and the round trip time.

26. A non-transitory computer-readable medium baving instructions stored thereon
that, when executed, cause one or MOYe processors 1o;

determine an allowable excess delay parameter based on a difference between 2
time at which received data is received by the receiver device and a time at which the
received data is scheduled to be plaved out, wherein the allowable excess delay
parameter mdicates an amount of delay that 1s supportable by a channel between a
sender device and the receiver device:

determing a sender bit rate increase for increasing a bit rate at which data is to be
sent from the sender device to the receiver device based on the determined allowable

excess delay parameter; and
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transotit an indication of the sender bit rate increase to the sender device.

27. The non-trapsitory computer-readable mediom of claim 26, wherein the
instructions further cause the one or more processors 1o:

determine a recciving rate at which data has been received by the receiver device
prior to determining the sender bit rate increase;

determine a round trip time for transmission of data between the receiver device
and the sender device; and

wherein to deternune the sender bit rate increase, the nstructions cause the one
or more processors to determine the sender bit rate increase based on the allowable

excess delay parameter, the receiving rate, and the round irip time.
Y B 5
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