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(57) Abrege/Abstract:
In an example, a method of processing data includes transmitting data over a network at a first bit rate, identifying a reduction in a
network link rate of the network from a first network link rate to a second network link rate, and in response to identifying the
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(57) Abrege(suite)/Abstract(continued):

reduction in the network link rate, determining a recovery bit rate at which to transmit the data over the network, where the recovery
bit rate Is less than the second network link rate. The method also Iincludes determining 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 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.
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(57) Abstract: In an example, a method of processing data mcludes transmitting
data over a network at a first bit rate, 1dentifying a reduction in a network link rate
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FIG. 8

of the network from a first network link rate to a second network link rate, and in
response to 1dentifying the reduction in the network link rate, determining a recov -
ery bit rate at which to transmit the data over the network, where the recovery bit
rate is less than the second network link rate. The method also includes determin -
ing 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 reduc-
tion in 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 duration.
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REDUCING DELAY IN VIDEO TELEPHONY

[0001] This application claims the benefit of U.S. Provisional Application No. 62/030,513, filed
July 29, 2014.

TECHNICAL FIELD

[0002] This disclosure relates to the processing of video data.

BACKGROUND

[0003] Video telephony (VT) involves the real-time communication of packets carrying 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 audio
encoder in a VT device obtains audio from an audio capture device, such as a microphone or
speech synthesizer, and generates audio packets. The video packets and audio packets are placed
in a radio link protocol (RLP) queue. A medium access control (MAC) layer unit generates
medium access control (MAC) layer packets from the contents of the RLP queue. The MAC layer

packets are converted to physical (PHY) layer packets for transmission across a communication

channel to another VT device.

[0004] 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 wireless terminal. A

VT device transmits the PHY layer packets via a wireless reverse link (RL) (or “uplink™) to a base

station. Each VT device includes PHY and MAC layers to convert the received 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.

SUMMARY

[0005] Techniques of this disclosure relate to determining a bit rate for encoding data based on

network conditions. For example, aspects of this disclosure relate to reducing a sending bit rate

(also simply referred to as rate) from a first rate to a second rate in
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response 1o a reduction m a network hink rate. According to aspects of thas disclosure,
upon identifying the reduction i the network hink rate, a sender device may reduce the
sending rate {0 a reduced rate that 1s below the second network hink rate, ¢.g.,
undershoot the second network link rate. The sender device may maintain the sending
rate at the reduced rate for a time period that 18 based on the reduced rate and based on a
duration between wdentitying the reduction i the network hnk rate and reacting to the
reduction in the network link rate during which data s buftered at the sender device or
at another device associated with the network., o this way, the sender device may
reduce the amount of data that has been butfered during a dechne m network hink rate
relatively quickly without overly impacting the user experience.

[B886] Aspects of this disclosure also relate to mereasmg a sending rate m mstances 1n
which a network bink rate 1s not bemng fully utihized. For example, according 10 aspects
of this disclosure, a receiver device may determine that a network link rate 15
underutilized based on data bemg received at the receiver device prior {0 the trme at
which the data 1s scheduled to be played out. The receiver device may deternune an
atlowable excess delay parameter based on a ditference mn time between a time at which
data is received and a time at which the data 1s scheduled o be played out. The receiver
device may determine a sending rate mcrease according to the allowable excess delay
parameter. The receiver device may, i some mstances, transnut an mdication of the
sending rate increase to a sender device, so that the sender device may better utihize the
network ik rate without exceeding the network link rate,

{38871 In an example, a method of processing data chudes trapsmitting data over a
network at a first bit rate, wdentitying a reduction 1 a network hink rate of the network
from a first network hnk rate to a second network hnk rate, i response to wdentityving
the reduction in the network hink rate, defermining a recovery bit rate at which to
transmit the data over the network, wheremn the recovery bit rate is less than the second
network hink rate, determining a butfering duration based on a difference between a
timie of the identification of the reduction 1o the network link rate and an estimated
actual time of the reduction in the network link rate, and determining a recovery rate
duration during which to transout the data at the recovery bit rate based on the recovery
bit rate and the buttening duration.

[8848] In another example, a device tor processing data mcludes 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 g first bit rate, wdentify a reduction in a network hink
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rate of the network from a tirst network bimk rate to a8 second network hink rate, m
response 1o wdentitying the reduction m the network link rate, determune a recovery bit
ratc at which to transmuit the data over the network, wherein the recovery bit rate is less
than the second network fink rate, determine a buffermg duration based on a difference
between a time of the wdentification of the reduction 1n the network link rate and an
estimated actual time of the reduction m 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.

G069 In another example, an apparatus for processing data includes means for
transmitting data over a network at g 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 fink
rate, means for determining, m response 10 dentifymg the reduction 1 the network link
rate, a recovery bit rate at whach to transmit the data over the network, wherein the
recovery bit rate 1s less than the second network hink rate, means for determinmg a
buffering duration based on a difference between a fime of the idenfitication of the
reduction i the network link rate and an estimated actual fime of the reduction in the
network hink 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 bufifcring
durafion.

[3818] In another example, a non-transitory computer-readable mediom has mstractions
stored thercon that, when executed, Cause 0ne or MOFe Processors to transmit data over a
network at a first bit rate, dentity a reduction m a network hink rate of the network from
a first network hnk rate to a second network hnk rate, determine, m response 1o
identifying the reduction m the network link rate, a recovery bit rate at whach o transnmt
the data over the network, wherem the recovery bit rate 1s less than the second network
link rate, determine a buttering duration base d on a ditference between a time of the
wdentification of the reduchion i the network link rate and an estimated actual fime of
the reduction m the network Ik rate, and determine a recovery rate duration during
which to transnut the data at the recovery bit rate based on the recovery bit rate and the
buffering duration.

{8611} In ancther example, a method of processing data includes determining, by a
recerver device, an aliowabie excess delay parameter based on a difference between a
time at which received data 1s received by the receiver device and a time at which the

received data 1s scheduled 10 be played out, wheremn the allowable excess delay
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parameter mdicates an amount of delay that 18 supportable by a channel between a
sender device and the receiver device, determining, by the receiver device, a sender bit
rate merease for mcreasing a bit rate at which data 1s to be sent from the sender device
to the recerver device based on the deternuned allowable excess delay parameter, and
transmitting an mdication of the sender bit rate increase to the sender device.

[8812] In another example, a receiver device for processing data includes a memory
contigured to store data, and one or more processors configured o determine an
allowable excess delay parameter based on a ditference between a fime af which the
data 1s received by the receiver device and a time at whach the data s scheduled to be
played out, wherein the allowable excess delay parameter mdicates an amount of delay
that is supportable by a channel between a sender device and the receiver device
determine a sender bit rate increase for mereasing a bit rate at which data 18 to be sent
from the sender device 1o the receiver device based on the determuned allowable excess
delay parameicr, and transmit an indication of the sender bit rate increasc to the sender
device.

{60131 In another example, an apparatus for processing data includes means for
determining an allowable excess delay parameter based on a difference between a tume
at which recerved data 1s received by the receiver device and a time at which the
received data 18 scheduled 1o be played out, wherein the allowable excess delay
parameter indicates an amount of delay that s supportable by a channel between a
sender device and the recetver device, means for detcrmining a sender bit rafe mcrease
for increasing a bit rate at which data 1s to be sent from the sender device to the recetver
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.

{8814} In ancother example, a non-transitory computcr-readable mednim has mnstructions
stored thercon that, when executed, cause One or MOre processors to deferming an
allowable excess delay parameter based on a difference between a time at whach
received data 1s recerved by the recerver device and a time at which the received data 1s
schedulied to be plaved out, wherein the allowable excess delay parameter indicates an
amount of delay that 1§ supportable by a channel between a sender device and the
recerver device, deternnne a sender bit rate moerease for mereasing a bit rate at which
data 15 o be sent from the sender device {0 the recetver device based on the determined
allowable excess delay paramcter, and transmit an mdication of the sender bit rate

merease 10 the sender device.
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[0014a] According to one aspect of the present invention, there is provided a method of

processing data, the method comprising: transmitting data over a network at a first bit rate;
identifying a reduction in a network link rate of the network from a first network link rate to a
second network link 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 bit rate is less than the second network link rate; determining 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 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.

[0014b] According to another aspect of the present invention, there is provided a device for
processing data, the device comprising: 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 link rate of the network from a first network link rate to 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 than 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.

[0014¢] According to still another aspect of the present invention, there is provided an apparatus
for processing data, the apparatus comprising: 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 network link rate; means for
determining 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 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.
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8015} The details of one or more examples of the disclosure are set forth m the
accompanying drawings and the description below. Other features, objects, and

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

BRIEF DESCRIPTION OF DRAWINGS

[8816] FIG. 1 18 a block diagram illustrating an audio/video encoding and decoding
system for video telephony (V1) applications.

[8817] FIG 2 15 a block diagram tlhustrating a video encoding system that may
tplement video source rate adaptation consistent with the techniques of this disclosure.
{3818] FIG 3 18 a block diagram tllustrating a video decoding system that may
implement video source rate adaptation consistent with the techmques of thas disclosure.
[8019] FIGS. 4A and 4B arc graphs illustrating video source rate adaptation techniques
consistent with the technigues of this disclosure.

[8028] FIG 518 a conceptual diagram iHustrating determination of a butiering duration
consistent with the techniques of thus disclosure.

{88021) FIGS. 6A and 68 are graphs ilustrating a network link rate dechine and a
correspondmg delay time, respectively.

18022] FIGS., 7A and 7B are graphs illustrating a network hink rate dechne and a
correspondimng delay time, respectively.

({8023} FIG 8 s a flow diagram ilustrating an cxampie process for down-swiiching a
rate at which data 15 transmitted consistent with the techmaqgues of thus disclosure.

[8824] FIG 9 15 a tlow diagram dlustrating an example process for up-switching a rate

at which data 1s transnutted consisient with the technigues of this disclosure.

DETAILED DESCRIPTION
[8825] Video telephony (V1) devices may be connected via a wired or wireless network
for conducting a VT session {¢.g., transmission of audio and/or video data between the
VT devices). A VT device that 1s processing audio and/or video data for transmission 1o
another VT device may be referred to as a sender device., Likewise, a VT device that 1s
processing received audio and/or video data (e.g., for presentation to a user of the VT
device) may be referred {0 as a recerver device.
18026] The sender device may encode audio and/or video data at a particular rate

{which may be mterchangeably referred to hercin 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 maxinim} network link rate supported by the
network being used for the VT sessiton. In this way, the sender device may prepare the
data to be sent using the relatively highest quality supported by the network without
exceedmg the umitations of the network.

{B827] In some mstances, the network link rate connecting VT devices may vary,
particularly when using VT over a wireless network such as Wi-Fi or celhular networks,
in some mstances, network equipment may use butters to handle hink rate tluctuations
and/or to perform queue management. For example, a sender device may melude a
butter tor butfening 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 mmpact the VT session. For example, when the network hink rate 1s
reduced, the sender device to accumulate encoded video data n the bufter, which may
causc interruptions and/or jerkiness in the VT session at the receiver device.

{30281 A sender device may alter a rate at which video data 15 sent (which may be
referred to herein as a sending rate, rate being used throughout the disclosure to refer 0
a bit rate} m response to a reduction 1 the network hink rate. In some examples, the
sender device may alter the sending rate by changmg the rate at which audio and/or
video data 1s encoded. However, there may be a reaction delay m reducing the rate due
to recetver device congestion control teedback delays, delays m a retum path from a
receiver device to the sender device, rate adaptation reaction delays, or the like,
Accordingly, the sending rate may remain significantly above the network link rate for a
period of time after a reduction 1n the network bnk rate. A muasmuatch in the sending rate
and the network hink rate may result i mereased buttfer levels at the bottleneck hink and,
henee, increased end-to-end delay {or even lost packets), which may adversely mmpact
the quality expericnce of a VT session.

[B829] In addition, even atter the sender device decreases the sending rate m response
to a reduction in network hnk rate, a butli-up delay may persist for some time. For
cxamplc, in general, delay may refer to the time between data being available for
transnussion across a network ink and the tume the data 1s actually transmutted to the
network., Accordingly, delay may be associated with the buliering of data. For
cxample, an morease 1 delay resulis in merecased buffer levels, because data must be

stored after encoding and prior to transnussion 1o the network,
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16038] Depending on the difference between the sending rate and the bottleneck
network hink rate, the sender device may reduce the quantity of butfered data relatively
siowly. That 1s, 1t the difference between the reduced sending rate and the network hink
rate 1s relatively small, the sender device may reduce the built-up delay relatively siowly
and the mpact to the VT session may persist.

{8831} One approach to reducing the guantity of buftered data 1s to reduce the sending
rate below an estimated network link rate. A relatively conservative approach, ¢.g.,
using a sending rate that 18 sigruficantly below the estimated network hnk rate, may
restlt inan underuse of the link and an overall reduction m video guabity experience at
the recetver device. However, such a conservative approach may also redace the
bottlenceck mk buffcrs relatively quickly., Conversely, a relatively aggressive approach,
¢.g., only reducing the sendmg rate to the network hink rate, may result m fuill use of the
timk and ligher quabity encoded data. However, as noted above, such an approach may
causc data to remain in a butter for a relatively long peried of time,

{38321 Aspects of this disclosure relate to determining a sending rate {¢.g., a bit rate for
encoding audio and/or video data at a sender device) based on network conditions. In
particalar, the techmigues mchide reducing a sending rate i response (o a reduction m 4
network fink rate. According to aspects of this disclosure, upon idenfitying a reduced
network fink rate, a sender device may reduce the sending rate 10 a rate that 1s below the
network link rate. In some examples, a receiver device may request a reduced sending
rate that 1s then mmplemented by the sender device., Reducing the sending rate {0 a rate
that 1s below the network ink rate may be referred to as undershooting the network hink
rate.

8833} The technigues also mchide determiming an amount of time to mamtam the
sending rate at the reduced rate. In some examples, aspects of this disclosure mclude
determining a recovery rate duration {(also referred to as an undershoot period) based on
a buttening duration, a magnitude of the reduction mn the network hink rate, a rate
reduction factor, and/or other factors, as described i greater detail below. In this way,
the techniques may be used to determing an optimal undershoot pertod. For exanple, a
sender device may maintam the reduced sending rate for only as long as needed 1o
reduce a quantity of buttered data betore returming {0 an mereased sending rate that 18
supported by the network., The techriques may achieve a balance between the

conservafive approach and the aggressive approach described above, such that the
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amount of data that 1s buffered may be reduced relatively guickly without overly
fmpacting the user experience.

[80834] Aspects of this disclosure also mclude signaling delay data associated with
processing encoded audio and/or video data. The techniques of this disclosure mclude
generating data {or use m deternining a buffering duration at a sender device. The
buffering doration may be associated with a delay between the dechine m the actual
network link rate and the tume at which the decline in the network link rate is detecied
{c.g., assuming that the sender and/or recetver device does not recognize and react 10 a
dechme m the network hink rate younediately). Durmmg thas lag time, a sender device
typically butlers data that 1s prepared/encoded at the original sending rate, but that
cannot be sent m real-time {or near real-time) at the reduced network fink rate, The
buttering of data ¢reates a delay at the receiver device during which data s not recerved.
As noted above, the buliermg time may be used to deternnne an amount of data that s
buftered at the sender device and/or the recovery rate duration.

{38351 Other aspects of this disclosure may relate to mcreasing a sending rafe m
mstances m which a network hnk rate 15 not bemng fully utilized. For example, a sender
device may increase a sending rate of data to increase the quality of the user experience
mstances m which the sending rate 1s iess than the hink rate that 18 supportable by a
network hnking the sender device to a receiver device. Increasing the bit rate at which
data 1s encoded may be referred to herein as up-switching., However, up-swiiching the
sending rate at an mcerement that 1s too large may result in an overshoot of the network
hink rate, which mayv degrade the user expericnce n the manner described. Conversely,
up-switching the sending rate at an increment that 15 100 small may result in a contimued
undershoot of the network link rate, which may result in a lower quality user experience
than 1s supportable by the network hnk rate.

[8836] Accordmg to aspects of thus disclosure, a receiver device may determine that a
network hink rate 18 underutibized based on data being received prior 1o the time at which
the data is scheduled to be plaved out. The receiver device may determune an allowable
cxcess delay parameter based on the difference between a time at which data 1s received
and the time at which the data 18 scheduled 10 be played out, and the receiver device
may determine a sending rate imncrease according to the allowable excess delay
parameter. The recetver device may, 1o some mnstances, transmit an indication of the
sending rate merease to a sender device, so that the sender device may betier utilize the

network link rate without overshooting the network hink rate,
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80371 Accordingly, aspects of this disclosure mclude rate adaptation or congestion
control techniques for controlbing a video tlow origmating from a sender device and
transmitted over a network channel {also referred (0 as a network hink) with time-
varyig bandwidth 1o a recetver device. In particular, the techmques inciude up-
switching the average bit rate of a video flow m a controlied manner to improve the user
experience without mtroducing congestion 1n the network., Such rate adaptation
techuiques may avord significantly increasing the end-to-end delay which could result in
packet losses.

{8038] For example, according 10 aspects of this disclosure, a receiver device may
cxamne recerved video packets and determine whether the data 15 arriving early, in
time, or 100 late for the scheduled plavout of the data, 1T the data 15 armiving later than
the intended plavout, the receiver device may deternmune that the network hnk rate 15
fower than the sending rate (e.g., the encoding rate implemented at the sender device).
Accordingly, the recetver device may send a request to the sender device to decrease the
sendmg rate. In some examples, the recciver device may request an 1nifial rate that 1s
lower than a sustainable rate {e.g., an avauable bandwidth) of a network bink rate to
allow the system to decongest the network channel.

{3839] In some mstances, the techniques described herern 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.

138481 FIG. 115 a block diagram illustrating an encoding and decoding system 10, As
shown i FIG, |, system 0 includes an encoder system 12 and a decoder system §4
connecied by a transmission channel 16, In the example of FIG. 1, encoder system 12 18
associated with a first video conummnication 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 (RTOP)Y user datagram protocel (UDPY Internet
protocol (IP)/ point-to-point protocel (PPP) conversion unit 26, radio hnk protocol
(RI.P} queue 26, MAC laver umit 30 and physical (PHY ) layer umat 32, Decoder system
14 15 associated with another video commmunication device and includes a PHY layer
gnit 34, MAC laver unit 36, RLP gqueue 38, RTP/RTCP/UDP/IP/PPP conversion umt
40, video decoder 42, audio decoder 44, audio output device 46 and video output device

48.
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(80411 As described in more detail below, encoder system 12 and/or decoder system 14
may use the techniques of thus disclosure to modity an encoding rate based on network
conditions. For example, video encoder 20 may control the video source encoding raie,
at lcast i part, as a function of network bandwidth. In particular, video encoder 20 may
reduce an encoding rate of video and/or audio data m response to a reduction i 4
network link rate. Likewise, video encoder 20 may moerease an encoding rate of video
and/or audio data i response to an indication of underutilization of a network link rate,
{88421 System 10 may provide bi-directional video and audio transmission, €.¢., for
video telephony via transmission channel 16, Accordingly, gencrally reciprocal
cnicoding, decoding, and conversion gmis may be provided on opposite ends of channel
16. In some embodiments, encoder system 12 and decoder system 14 may be embodied
withim video communication devices such as wireless mobile termunals equipped for
video streaming, video telephony, or both., The mobile terminals may sopport VT
according to packet-switched standards such as RTP, RTCP, UDP, IP, or PPP.
{3843} For cxample, at encoder system 12, RTP/RTCP/UDP/IP/PPP conversion unit 26
adds appropriate RTP/ RTCP/UDP/IP/PPP header data to audio and video data recerved
from video encoder 20 and audio encoder 22 and places the data in RLP gucue 28. An
cxamplie bitstream may mclude a MAC header, an 1P header, a UDP header, an RTCFP
header, and the pavioad data. In some examples, RTP/RTCP runs on top of UDP, wihale
UDP runs on top of [P, and TP nms on top of PPP. In some examples, as described
hercin, RTP/RTCP/UDP/AP/PPP conversion unit 26 m conform to a particular standard,
such as “RFC 3550; RTP: A Transport Protocod for Real-Time Applications,” H.
Schulzrinne et al., July 2003, “REFC S104: Codec Control Messages m the RTF Audio-

Visual Provide with Feedback (AVPE),” 5. Wenger ¢t al,, February 20038 (hercinaticr

REC 5104}, and/or other applhicable standards for real-time or near real-time transport of
data. MAC layver umt 30 generates MAC RELP packets from the contents of RILP gueuc
28. PHY laver unit 32 converts the MAC RLP packets into PHY layer packets for
transmussion over channel 16.

{3844] PHY laver umit 34 and MAC layer unit 36 of decoder system 14 operate in a
reciprocal manner. PHY layer unit 34 converts PHY layer packets recewved from
channel 16 to MAC RLP packets. MAC layer unit 36 places the MAC RLP packets
mto RLP queue 38, RTP/RTCP/UDP/IP/PPP conversion unit 40 sinips the header
miormation from the data 1 RLP gueuc 38, and reassembles the video and audio data

for dehivery to video decoder 42 and audio decoder 44, respectively.
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1 8045] System 10 may be designed to support one or more wirgless communication
technologies such as code division multiple access (COMA), frequency division
multiple access (FDMA), time division mubtiple access (TDMA), or orthogonal
frequency divisional mulfipiexing (OFDM), or another suttable wireiess technigue. The

above wireless commurication technoelogics may be delivered according to any of a

variety of radio access technologtes. For example, CDMA may be delivered according

to cdmaZ{00 or wideband CDMA (WCDMA ) standards. TDMA may be dehivered

according to the Global System for Mobile Communications (GSM) standard. The
Universal Mobile Telecommumication Systermn (UMTS) standard permits GSM or
WOCDMA operation. Typically, for VT applications, system 13 may be designed o
support high data rate {HDR) technologies.

[8846] Video encoder 20 generates encoded video data according 10 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 Telecommunication Umion (ITU)Y H 263, F'TU H.Z64, or MPEG-2 methods.
Audio encoder 22 encodes audio data to accompany the video data. Video source 13
may be a video capture device, such as one or more video cameras, one or more video
archives, ot a combmation of video cameras and video arclhuves.

[8847] The audio data may be encoded according to an audio compression method, such
as adaptive multi-rate narrow band (AMR-NB), or other technigues. The audio source
17 may be an audio capture device, such as a mucrophoneg, or a speech synthesizer
device. For VT applications, the video will perout viewmg ot aparty toa Vi
conterence and the audio will permit the speaking voice of that party 1o be heard.
{8048] In operation, RTP/RTCP/UDP/IP/PPP conversion anit 26 obtains video and
audio data packets from video encoder 20 and audio encoder 22, As mentioned
previously, RTP/RTCP/UDP/P/PPP conversion unit 26 adds appropriate header
miormation to the audio packets and mserts the resulting data within RLP gqueue 28,

Likewise, RTP/RTCP/UDP/IP/PPP conversion unit 26 adds approprate header

information to the video packets and inserts the resulting data within RLF queue 28.
MAC layer unit 30 retrieves data from RLEP queue 28 and forms MAC layer packets.
Each MAC layer packet carnes RTP/RTCP /UDP/IP/PPP header mtormation and audio
or video packet data that 1s contained within RLP queue 23, Audio packets may be

mserted mto RLP queue 28 mdependently of video packets.
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{80491 In some cases, a MAC layer packet generated from the contents of RLP gueue
28 will carry only header mtormation and video packet data. In other cases, the MAC
laver packet will carry only header mitormation and audio packet data. In many cascs,
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
REP packets. PHY layer unit 32 converts the MAC RLP audio-video packets mto PHY
laver packets for transmission across channel 16,

18858} Channel 16 carries the PHY layer packets to decoder system 14, Channel 16
may be any physical conmection between encoder system 12 and decoder system 14,
For example, channel 16 may be a wired connection, such as a local or wide-area wired
network. Alternatively, as deseribed herem, channel 16 may be a wireless connection
such as a cellular, satelhite or optical connection. Channel conditions may be a concern
tor wired and wireless channels, but may be particularly pertinent for mobile VT
applications performed over a wircless channel 16, 1o wiuch channel conditions may
sutfer due to fadimg or congestion. Channel 16 may support a particular network fink
rate {¢.g., a particular bandwidth}), which may {fluctuate according to channel conditions.
For example, channel 16 may be characterized by a reverse link (RL) having a
throughput that vanes according to channel condifions,

[B8S1] In gencral, PHY laver unit 34 of decoder system 14 identifies the MAC layer
packets from the PHY laver packets and reassembles the content tnio MAC RLP
packets. MAC layver unit 36 then reassembiles the contents of the MAC RLP packets 1o
provide video and audio packets for msertion 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 m driving a display device. Audio decoder 44 decodes the audio data to produce
audio information for presentation 1o a user, €.g2., via an audio speaker.

138521 As noted above, system 10 may provide bi-directional video and audio
transnussion, ¢€.£., for video telephony via fransmission chamnel 16, In some examples,
ar 1s5u¢ may occur when a network hink rate of channel 16 varies, which may occur
with Wi-Fi, cellular, or other network limks, As described m greater detail with respect
to Fi. 2 below, one or more buffers may be included in network cquipment 1o handic

rate fluctuations and potentially t0 perform queue management.
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{8053] For example, a VT flow with a certamn sendmg rate {e.g., an encoding rate used
by video encoder 20) may expertence a sudden drop m the ink rate, which may create a
bottleneck for the tlow. Due to a reaction delay at encoder system 12 to this link rate
drop {c.g., which may be caused by receiver congestion control feedback delays, delays
on the returmn path from recerver 10 sender, rate adaptation reaction delays, or the hike)
the sending rate may stay significantly above the link rate {or a period of time. This
may result in increased butter levels at the bottleneck link and, hence, mcercased end-to-
end delay {or cven lost packets) between encoder system 12 and decoder system 14,
which may adversely affect the quabty experience of the VT session.

{8054} After encoder system 12 decreases the bit rate at winch data 1s transnmitted over
chanuel 16 (¢.g., decreases the sending rate), the butlt-up delay may persist for some
time. For example, m some mstances, the length of time that the built-up delay persists
may depend on the difference between the sending rate and the reduced link rate (e.g.,
the hink rate causing the bottieneck). If the decrease 1o the sending rate s (00 smali, the
the built-up delay will decrease relatively slowly, which may tmpact the user experience
at decoder system 4. A conservative sending rate approach 1s to consistently send at a
sigmificantly lower rate than the estimated hink rate. However, this approach may result
m underuse of the link at channel 16 and an overall reduced video quality experience.
[B855] In accordance with the techmigues deseribed i thas disclosure, video encoder 20
may encode video from video source 18 based on conditions of chanmel 16, In
particuiar, video encoder 20 may reduce an encoding rate {also referred to herein as a
sending rate) based a reduction m bandwidth at channel 16, Reducing the encoding rate
may be referred to heremn as down-switching. Encoder system 12 may temporarily
reduce the sending rate of data encoded at video encoder 20 after a signiticant drop
the lmk rate at channcl 16 1s detected, for example, atter a recciver side congestion
controf teedback message gencrated at decoder system 14 has been received at encoder
system 12,

{8856] In one example, accordimg to aspects of this disclosure, encoder system 12 may
initially transout data over channel 16 at a first bit rate. Encoder system 12 may identity
a reduchion m a network hink rate at channel 16 from a first network hink rate 1o a second
network hnk rate. In some examples, encoder system 12 may wdentity the reduction
the network Lok rate based on one or more reports received trom decoder system 14,
{88571 Accordimg to aspects of thus disclosure, 1o response to identifving the reduction

m the network hink rate, encoder systemn 12 may determine a recovery bit rate at whach



CA 02953711 2016-12-22

WO 2016/019015 PCT/US2015/042654

14

to transmnt the data over channel 16, where the recovery bit rate 1 less than the second

network link rate. Encoder system 12 may also determing a butfering duration that
mohides a difference between a time of the wdentification of the reduction 1n the network
link ratc and an estimated actual time of the reduction in the network link rate, For
cxample, as noted above, there may be some reaction time associated with identifying
the delay and adjusting the rate at which video encoder 20 encodes data. Encoder
system 172 may butter data encoded by video encoder 20 at or near the nitial (higher)
network link rate yntil video encoder 20 has time to identify and adjust the encoding
rate 1o a fower rate.

{80858] Encoder system 12 may determine a recovery rate duration during which to
transmit the data at the recovery bit rate based on the recovery bif rate and the bufifering
duration. Encoder system may then transout the data at the recovery bit rate for the
determned recovery rate duration. In this way, the techmques may reduce the built-up
end-to-end delay relatively quuckly and may preserve the quality of the user experience
by using the avatlable fink rate after the end-to-end delay has been reduced (e.g., versus
than mamtaining the sending rate at the reduced rate for an extended pernod of time).
While described with respect 1o encoder system 12 for purposes of example, it should be
understood that certain of the above-noted technigues may addifionally or aliernatively
be performed by decoder systermn 14,

[BBS8] Sl other techniques of this disclosure mclude technigques for up-switching
{¢.g., increasing) the rate at which data 1s encoded based on network conditions. For
cxample, during the presentation of “Discussion on Upswitch Principals,” SA4 MTSI
SW Conference Call No. 4 on End-to-End Video Rate Adaptation of E2ZEMTSI-S4,
S4-AHMZLS, June 24, 2014, ("AHMZ157) a mumber of tssues with up-switching were
identified. As documented i “Report from SA4 MTSISWG Conterence Call No. 4 on
End-to-End Video Rate Adaptation of E2EMTSI-S4 (June 24, 2014)},” T'doc S4
(1430768, further discussion was felt needed to mvestigate the new ideas from the
conterence call before agreeing on the principles for the up-swiich.

{38681 In general, the model presented in AHM2 15 relies on a ramp-up probing model,
which may have a disadvantage m that the probing may imtroduce delay mto the system
when the probe does not match the channel conditions. A more robust model 18 to allow
a receiver, such as decoder system 14, to passively measure the state of channel 16 to
determine whether there could be excess capacity in the system. Based on this, decoder

system 14 may make a more accurate estimate of the sustaimnable rate of the system.
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{8061] The model presented m AHMZ 15 also suggests a two-phase approach whereby
encoder system 12 first probes the channel to see if there maght be more capacity. It the
probing phasc is successiul, video encoder 20 may more aggressively increase s rate
during a “ramp-up phase.” Such a model can mmiroduce a relatively large amount of
congestion mto the system, because a successiul probe with a small mcrease n data rate
may not imply that the system can handle a much larger merease afterwards. In fact,
when mcereasing the rate of video encoder 20 to match the system capacity, the more
robust approach s to first {0 increase the rate by a refatively large amount, followed by
taking smalier steps as the rate converges 1o the sustainable rate supported by channe
16,

{88621 To follow the potentially more robust approach of converging on the sustainable
rate n the mamner described above, the entity driving the adaptation (¢.g., the sender
(encoder system 12} or recerver {decoder system 14) must have an estimate of the
sustainable rate of the system. A sender may rely on RTCP recetver reports to detect
end-to-cnd channel conditions and can calculate the net throughput, albest with some
measurement delay due to the RTCP reporting. A receiver may calculate both a net
throughput and an amount of additional delay that may be accepted before packets
arrive too late at decoder system 14 for thewr scheduled playvout. Theretore, if the
relevant metrics calculated at the recerver are sent divectly to the sender, a recerver-
driven adaptation model 15 achieved and may be more robust and should be used in
determinimg the minimum adaptation performance.

{38631 According to aspects of this disclosure, decoder system 14 may mmplement a
recetver-driven rate up-switching technigue upon determinmg that the bandwidth at
channel 16 15 bemg underutihized. For example, according to aspects of this disclosure,
decoder system 14 may provide data (o encoder system 12 that promipts video encoder
20 10 merease an encoding rate,

[8864] In some exampies, according 0 aspects of this disclosure, decoder system |4
may determine an allowable excess delay parameter based on a difference between a
time at which data 1s received by decoder systemn 14 and a time at which the received
data 18 scheduled to be played out. The allowable excess delay parameter may mdicate
an amount of delay that 1s supportable by chanmel 16 betfore a user experience 1S
mmpacted, ¢.g., data arrives too late 10 be decoded and played out at the appropriate fume.
Decoder system 14 may also determine a sender bitf rate increase for increasing a bit rate

at which data 15 10 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
mdication of the sender bit rate increase to encoder system 12,

[8865] In this way, decoder system 14 may control the average bit rate of the video flow
m a condrofied manner o improve the user expericncee without mroducing congestion m
the network., The techruques may avoid significantly mncreasmg the end-to-end delay,
which could result in packet losses.

{8866] FIG. 2 15 a block diagram tlhustrating encoder system 12 that may implement
video source rate adaptation 1o accordance with the techuiques of this disclosure. As
shown m FIG, 2, video encoder 20 mchudes a video encodmmg engme 50, video butter 52
and video rate controlier 54, Video encoder 20 also recetves network hink rate
miormation 56, which may be prepared by decoder system 14 {as described i greater
detail below).

{8867] Video encoding engine SO obtains video data from video source 18 and encodes
the video data at a rate controlled by video rate controlier 54, Video encoding engine 30
then places the encoded video in video buffer 52. Video rate contreller 54 may monitor
the fullness of video bufter 52 and control the video encoding rate apphied by video
cnicoding engine 50, at least in part, based on the fuliness. In addition, as described in
greater detail below, video rate controlier 54 may control the rate based on the network
hink rate iformation 56 and/or other data associated with conditions of channel 16 (FI1G.
1).

{B868] In some examples, video encoder 20 may provide a video source rate control

scheme that 1s generally CODEC-independent. For exampie, video encoder 20 may be

adapted tor video encoding according to HEVC, MPEG4, ITU H.263 or I'TU H.264. In
addition, video encoder 20 may be susceptible to implementation within a DSP or
cmbedded logic core. In some embodiments, video encoder 20 {¢.g., video rate
controlier 54 of video encoder 20} may apply model-based rate control, e.g., applyving
video block rate control n the rho domam. For example, once a frame bt budget 15
established for a particular video frame, the frame bit budget may be allocated among
the video blocks, ¢.g., coding unifs (CUs) and/or macroblocks (MBs}, within the frame
using rho domain rate control. The rho domaim values for mdividual MBs can then be
mapped to quantization parameter {JP) valugs.

[8868] Accordmmg to aspects of thus disclosure, video rate controller 54 may perform
rate down-switching based on network conditions. For example, video encoding engme

50 may mmnally encode data at a first bit rate for transmission over @ transport medium,
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such as channel 16 (FIG. 1), Video rate controlier 54 may identily a reduction in a
network hink rate from a {irst network hnk rate 1o a second network hink rate. In some
cxamples, video rate controller 54 may wdentity the reduction 1 the network link rate
from feedback at video encoder 20, In other exampies, video rate condrofler 54 may
wdentity the reducthion m the network link rate based on network hink rate information
36.

{3878] In response to identifying the reduction in the network Lk rate, video rate
controller 54 may deternune a recovery bit rate for video encoder 20 that 1s less than the
second {reduced) network hink rate. The recovery rate may be used 1o reduce the
amount of data has been buffered between the actual time of the decrease in the network
link rate and the idenfification of the decrease m the network hmk rate. Reducing such
buttered data may help 1o ensure that the user experience 18 not y1mpacted at the receiver
device. Hence, video rate controlier 54 may determing a recovery bit rate tor use at
video encoder 20 that undershoots the reduced network Ik rate in order {0 diminish the
amount of buffered data at video encoeder 20,

{60711 According to aspects of this disclosure, video rate controller 534 may deternune
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 hink
rate and the reduced network bink rate. That 15, video rate controller 54 may determine
an yndershoot factor that has a magnitude that varies based on the magmitude of the
reduction in the network hink rate. Accordmgly, if the reduction in the network Ik rate
is relatively high, video rate controllier 54 may determine an undershoot factor that is
relatively high. Likewise, i the reduction m the network link rate 1s relatively low,
video rate controlicr S4 may determine an undershoot factor that 1s relatively low.
{88721 In some exampies, video rate controlier 54 may determine an undershoot tactor
that may be applied to the reduced network link rate to determine the recovery rate. For
exampie, video rate controlier 54 may determune a fractional undershoot factor and may
apply the fractional undershoot factor to the reduced network hink rate to determine the
recovery rate. In one exampie, video rate controlier 54 may determine the undershoot
factor based on a ratio of the magmitude m the reduction 1o the network link rate to the
{irst network hnk rate,

{88731 Accordmg to aspects of this disclosure, video raie controller 34 may determing
how long to maidain the recovery rate based on how much data 1s buftered at video

encoder 20 (or, more generally, how nuch data s buftered at a sender device that
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mchudes video encoder 20) between the time of the wdentification of the reduction in the
network link rate and an estimated actoal time of the reduction 1n the network link rate.
The time associated with butfering the data at the sender device may be referred to
hercin as the buffering duration (or butfening fime period), while the duration with
which 10 maintain the recovery rate may be referred 10 herem as a recovery rate duration
(o1 reduced rate time period). In some mstances, the recovery rate duration may also be
referred to as an undershoot duration or period, because the rate at which data s
cncoded during the recovery rate duration 15 less than the network hink rate.

18074} As described m greater detasl with respect 10 FIG. § below, video rate controlier
54 may determine the buffering duration in a vanety of ways. For example, video rate
condrolier 54 may determine the butiering duration by estimating the butfering duration
from network link rate miormation 56, such as round-rip-time (RTT) between the
sender device that meorporates video encoder 2{) and a recetver device, downlink delays
(c.g., receiver to sender delays), data regarding a rate adaptation reaction delay, a
reaction delay of the congestion control (e.£., estumation of link rate)}, message
generation delays (RTCF packets), or the hke, The network hink rate miormation 56
may be available at video encoder 20 or may be signaled to video encoder 20 by the
receiver device,

[B875] Accordmye to aspects of this disclosure, video rate controller 54 may determine
the recovery rate duration based on a magnitude of the recovery rate and based on the
buticring duration. In some examples, video rate controller 54 may determine a
buftfering duration that 15 proportional to the magnitude of the reduction of the network
hink rate (e.g., as mdicated by the recovery rate) and the amount of time associated with
reacting to the reduction of the network hink rate {¢.g., as indicated by the butiering
duration). That 15, of the reduction m the network link rate 1s relatively large and/or the
time needed 1o react to the reduction m the network hmk rate 1s relatively long, video
rate controlier 54 may determme a recovery rate duration that 1s proportionately long.
Likewise, if the reduction in the network Hink rate 1s relatively small and/or the time
needed 10 react 1o the reduction m the network hink rate 1s relattvely short, video rate
controlier 54 may determine a recovery rate duration that 15 proportionately short.
[8876] Accordimg to other aspects of thas disclosure, video rate controlier 54 may
additionally or aliernatively perform rate up-switching based on network conditions.,
For example, video rate controller 54 may receive network link rate mformation 56

from a recerver device such as a device that includes decoder system 14 (FIG 1), Video
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rate controlier 54 may use the received network hink rate iformation 56 to gp-switch
the sending rate (2.g., encoding rate) being used by video encoding engime 50 to encode
data.

(88771 In some exanwpies, the received network link rate mformation 56 may melude a
particular requested sendmmg rate {e.g., encoding rate) being implemented by video
encoding engine SU. In other examples, the recerved network hink rate mtormation 56
may include a rate step increase to be added to a current sending rate (e.g., a sending
rate step). In cither case, as described i greater detail with respect to FiG 3 below, the
recerved network hink rate mformation 56 may be based on an excess delay parameter
that mdicates that packets have been recerved at the receiver device betore the packets
arc scheduled to be plaved out. In such mnstances, video rate controller 54 may increase
the sending rate used by video encoding engine 50 until the arrival time of packets more
closely comceides with the scheduled playout time of the packets at the recetver device.
{078] It should be understood that, while the techmiques ot FI( 2 are described as
being carricd out by a particular component of FIG. 2 (e.g., such as video rate controller
543, such techniques may additionally or alternatively be performed by one or more
other components of a video telephony device. As an example, an MTSHI device may
carry out certam techmiques described above to perform rafe adaptation and/or
congestion control. In this example, the MTSI device may then provide data to video
rate controller 54 for implementing the appropriate rate control at video encoder.

{88791 FIG 3 1s a block diagram thhustrating video decoder sysicm 14 that may
impliement video source rate adaptation 1 accordance with the technigues of this
disclosure. As shown m FIG 3, video decoder 42 recerves encoded data and network
hink rate mformation 60 and ncludes a video decoding engine 62, playout determimation
unit 64, and rate control unit 66 that generates a rate control data 68.

[B888] Vidco decoding engine 62 recerves encoded data and network link rate
miormation 60 and decodes the video data. In some examples, video decoding engine
672 may conform to one or more video coding standards. As noted above, example
video codmg standards include HEVC, MPEG4E, TTU H.263 or I'TL H.264.

{30811 The rate at which the video data 1s recerved may be controlled by video rate
controlier S4 of video encoder 20 (FIG 2). According to aspects of this disclosure, rate
control unit 66 may prepare and send rate control data 68 1o video encoder 20 for use m
adjusting the encoding rate. [n some exampies, rate control data 68 may mciude data

for performing down-switching at the sender device. In other examples, additionally or
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alternatively, rate control data 68 may mclude data for performing up-switching at the
sender device. Rate control anit 66 may prepare data that aliows the sender device to
determine the appropriate bit rate, or may request a particular bit rate from the sender
device,

[BB82] With respect to preparing data for down-switching, according 1o aspects of this
disclosure, rate control unit 66 may determine a recovery rate, a buffering duration,
and/or a recovery rate duration i a manner similar (o that described above with respect
to F1G. 2. In other exampics, rate control umit 66 may generate data and/or transmit
messages that may be used by a sender device (such as encoder system 12} to deternume
a recovery rate, a butterning duration, and/or a recovery rate duration.

{8083} In one cxample, rate control unit 66 may generate an RTCP Temporary
Maximmum Media Stream Bit Rate Request (TMMBR) message to the sender device
with an cstimated maximum bit rate tor a forward channel {0 indicate a reduction m the
network link rate. In general, as described 1o REC 5104 noted above, a recerver,
transiator, or mixer may use a TMMREBR {referred to as a "timber”) to request a sender 1o
bt the maximum bit rate for a media stream 1o, or below, the provided value. The
Temporary Maxamum Media Stream Bit Rate Notification {TMMBN) contains the
media sender’s current view of the most luntiing subset of the TMMBR-detined himuits 1t
has received to help the participants to suppress TMMBERSs that would not further
restrict the media sender.

{8884] According {0 aspects of this disclosure, a change n the estimated maximum b
rate for the forward channel from a first rate to a second, lower rate indicates a reduction
i the network hnk rate, In some examples, rate control unit 66 may send the TMMBR
immediately or nearly mmmediately atter congestion is detected {¢.g., there may be
message gencration delays assoctated with generating the TMMBR message). While a
TMMBR message 1s described for purposes of illustration, 1 should be understood that
a variety of other messages that indwcate delays/congestion may be used.

{B88S] To facilitate the sender device with estimating the butiering duration described
herein, rate control unit 66 may also generate and transmit an RTCP receiver report
(RR} message. For example, as deseribed m REC 3550 noted above, several RTCP
packet types may be used to carry a varicty of control mtormation. 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 stafistics from participants that are not
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active senders and in combination with SR for active senders reporting on more than 31
SOUICes.

[8886] Accordimg to aspects of this disclosure, rate control unit 66 may generate and
transmit an KR message after the TMMBR message, ¢.g., immediately or nearly
mmmediately atter the TMMBR message. In this example, the sender device may
receive the TMMBR message and the RR message and may determing an upper bound
tor the buftermg duration as a difference m time between the time of sending an SR that
is referred to m the RR by the last SR timestamp (LSRR data) mciuded m the RK and the
time that the RR 18 received by the sender device. In other words, rate control unit 66
may send first data that mdicates a request for a bit rate hmutation (e.g., the TMMBR
message) and second data that indicates a fime at which a message was gencrated (e.2.,
the SR data). The LSK data may mchude the maddle 32 bits out of a 64 bit network
time protocol (NTP) timestamyp received as part of the most recent RTCP SR packet
from a source. I no SR has been received vet, the LSR timestamp ficld may be set {0
zero., The sender device may receive the above-noted data and may use the data 10
determune a bulfering 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 TMMEBER data and
RTCP RR data mto a smgle RTCP message and may send the smgle message to the
sender device. At a munimom, rate control umit 66 may send the LSR data, which
allows the sender device to estimate the butfering duration. In this example, the
message size may be reduced relative to sending two scparate messages.

3088} In some examples, rate contrel vt 66 may use the LSR of the last recerved
RTCP SR {0 send to the sender device, even if rate control unit 66 had previously sent a
RTCP KRR that has the same LSKR. I rate control untt 66 had not yvet sent an RR, rate
control unit 66 may combme a full KRR with the TMMBR. In other examples, to reduce
the message size, rate control unit 66 may only send the LSRR data together with the
TMMBR, which the sender device may receive and use to determine the RTT. In still
another example, 1t rate control unit 66 had alrcady sent an RR, the sender device may

compute the buttering duration more accurately as the time difference between the time

of recerving the last received RR and the time of receiving the new RR (e.g., the RR that
was sent by rate control unit 66 after congestion was detected).
{8088} Rate confrol unit 66 may also deternine a recovery rate duration and/or generaie

and send data to a sender device to determune the recovery rate durafion. For example,
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afternatively to or in combination with the techmiques deseribed above, rate control unit
66 (or the sender device} may monitor the RTCP RR mter-arrival pitter {o determine
when to end the recovery rate duration. In gencral, mnter-arrival jitter data may provide
an ¢stimate of the statistical variance of the RTP data packet inter-arrival fime,
measured m fumestamp uruts and expressed as an unsigned mteger. The mter-amval
jitter J may be defined t¢ be the mean deviation (smoothed absolute vahie) of the
difference D i packet spacing at the receiver compared to the sender for a pair of
packets. As shown in the equation (1) below, this 1s equivalent to the difference 1 the
"relative transit time” for the two packets; the relative transit time 1§ the difference
between a packet’'s RTP timestamyp and the recetver's clock at the tume of arrival,
measured 1o the same units. I S11s the RTP timestamp from packet 1, and Ri 18 the time
of arrival m RTP fimestamp units for packet 1, then for two packets 1 and 3, I may be
expressed as:

D(i,j) = (R - Ri) - (S] - $1) = (Rj - Sy - (Ri- $i) (1)

{38981 According to aspects of this disclosure, the sender device may {erminate the raie
reduction (€.2., the sender device may ncrease the sending rate from the reduced rate 10
approxunately the network link rate) if the inter-arnval jitier becomes zero or smaller
than a threshold value., The threshold may be constant or adapfive 10 changing network
conditions. In some examples, the sender device may ternunate the rate reduction upon
the miter-arrval jitter being mamtamed at zero or smaller than a threshold valoe for a
mintium period of time. In some mstances, the more {requently that rate control unit
66 signals the RTCP SR and RR, the more accurately the sender device may montior the
ster-arrival jiter,

{88911 In still ancther example, a sender device (such as encoder system 12} may
monitor the delay (e.g., RTT) and the sender may maintain the sending rate at the
reduced rate untyd the delay 1s suificiently reduced. For example, the scnder device may
maintain sendmg rate at the reduced rate until the quantity of data stored to the buffer
talls below a threshold level.

130921 In other techniques of this disclosure, playout deternunation unit 64 may
cxamine the received video packets and determine whether the received data 1s arnving
carly, m-time, or too late for their scheduled playout. The scheduled playout timing
may be mdicated with the encoded data. I the packets are arriving late (¢.g., the

playout time occurs before the packets are received/exanuned), rate control unit 66 may
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request the sender device to decrease the sending bit rate. In some examples, rate
control unit 66 may send 8 TMMBR message with the selecied rate.
[8093] According to some aspects, rate control unit 66 may estimate an amount of back-
logged data {¢.g., data butiered at the sender device) by deternuning the amount of
exeess delay that needs 1o be removed and mulfiplying thas excess delay parameter by
the data rate of the arriving video as measured by rate control unit 66, In other words,
rate control unit 66 may determine a delay based on a difference between at time at
which the data is received/examined and the playout time indicated with the data. Rate
control unit 66 may then multiply this delay time by the bit rate at which data 1s being
recerved to determane an amount of data being buttered by the sender,
{8094} In some exampies, rate control unit 66 may request an intfial rate {(¢.g., 11 the
TMMBR message) that 1s lower than a sustamnable rate of the transport path between
video decoder 42 and the sender device {€.2., a useable bandwidth of the network hink)
to aliow the system {0 decongest the channel. In an example, rate control unit 66 may
select an vutial rate that 18 low enough to enable the system to decongest the channcel
a4 fixed amount of ttime (indicated by the varable T decongest). I the vanable
R sustain 1s equal 1o the sustainable rate of the channel, and the variable ADelay i3
cqual to the amount of delay that needs 10 be removed, then rate control unit 66 may
mitially request the sender device 10 encode data at bit rate R according to equation (2)
below:

R =R sustamn (1- ADelay/T decongest) (Z)
Atter sending the message that imncludes the requested bit rate {(¢.g., the TMMBR
message), rate control umit 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 18 sustamnable by the network link (R sustain), thus

cnding the decongestion period.

-

d

[B895] In another example, rate control unit 66 may not send another message (¢.2., the
additional TMMBR message} 1o increase the rate. In this example, rate control unit 66
may stmply begin measuring an allowable amount of delay (¢.g., a delay that is lower
than a predetermuned threshold)., It rate control unit 66 determnes that the amount of
delay 1s smaller than required {€.g., the packets are arriving carhier than required for
properly scheduled playout), then rate control unit 66 may send another message {¢.2.,

another TMMBR message) to merease/ramp up the sender device encoding rate.
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18096] With respect to up-switching, when a chanmel between a sender device and a
recerver device (such as channel 16 between encoder system 12 and decoder system 14
(F1{5. 1) 15 being under utilized by the sender device it 15 likely that the delivery of
video packets to video decoder 42 will occur before such video packets actually need fo
be played out {¢.g., received before a playout time mdicated with the data). In such
mstances, the sender rate may be moereased and some additional delay may be
introduced into the system without negatively atfecting the user experience.
{38971 The excess bits that may be mtroduced mto the transmission path may be
computed according to equation {3) below m mstances i which the channel bandwidth
18 equial to the average receiving rate measured at rate control umt 66 {e.g., the worst
casc with no spare channel bandwidth available):

excess bits = rate increase siep ¥ (RIT + receiver detection delay) (3)
where excess bty mdicates additional bits bemyg mitroduced into the system,
rate increase siep indicates an mcrease in the encoding rate, RT7 indicates a round trip
time, and receiver detection delay indicates a delay associated with detecting delay in
the system by the receiver (which may be determuned according 10 any of the techniques
described herein).
[B098] In some examples, rate control unit 66 may determing the corresponding worst
case excess delay {excess delay) due to the excess bits bemng mtroduced {excess hits)
according to equation {4) below:

excess delay = raie increase step ™ (RTT + receiver detection delavy/

avg receiving rate {4}
where excess delay mdicates an amount of delay mtroduced at the sender device,
rate incregse step mdicates an mcrease in the encoding rate, K77 dicates a round trip
time between the sender device and video decoder 42, receiver deteciion delay
mdicates a delay associated with detecting delay 1o the system by rate control unit 66,
and avg receiving rate mdicates the rate at which data 18 bemg received at video
decoder 42.
{38991 Hence, m some examples, according to aspects of this disclosure, rate control
unit 66 of video decoder 42 may deternuine a nmunber of excess bits associated with a
particular rate mcrease (e.g. excess Hils) and a delay associated with the introduction of
the excess biis {e.g., excess delay).
[§168] Ratc control unit 66 may calculate a rate mcrease amount based on the allowable

exeess delay parameter. For example, rate control unt 66 may deternume how nuich the
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sending rate may be mncreased by the sender device without mtroducimng congestion
and/or delay mio the system according to equation {5) below:

+ receiver _detection _delayy (5)
where rate increase step mdicates an amount by which the sending rate may be
mereased (which may be referred to as a sender bit rate increase},
allowable excess delay indicaies an allowable excess delay parameter (as described in
greater detail below), ave receiving rate indicates an average rate at which data has
been received prior to determining the rate mcerease, K77 mdicates a round trip time
between video decoder 42 and a sender device (such as video encoder 20) and
receiver detection delay indicates an amount of time required to identily delay at video
decoder 42, In some mstances, the receiver detection delay parameter may be
implementation dependent and may be estimated or measured i ofthne testing. It such
a recetver detection delay 18 not avatlable, rate control unit 66 may be configured {0 use
an estunated reaction delay, which may be a relatively conservative estimate of the time
needed for rate control unit 66 to 1dentify delay.
(8141} Because the one-way delay from the sender device to the receiver device that
mchudes video decoder 42 1s gencrally unknown to the recetver device, the receiver
device typically may not use this to calculate the allowable excess delay parvameter
(aliowable excess delay). Instead, according o aspects of this disclosure, rate control
unit 66 may deternmune an amount of allowable excess delay {rom the received video
packets. For exampie, rate control unit 66 may determine a time at which video packets
are received and/or processed at video decoder 42, Kate control umit 66 may also
determine a time at which the video data associated with the video packets are
designated to be playved out {¢.g., displayed to a user). Rate conirol unit 66 may
determine an aliowable excess delay parameter based on a difference between the time
at which the packets are received and/or evaluated and the playout fime).
{#182] The allowable excess delay parameter may generally mdicate an amount of time
that may be utilized by the sender device as a basis for increasing the bt rate without
impacting the user experience. For example, the allowable excess delay parameter may
mdicate an amount of time that may be used to increase the sending rate without
mmpacting user experience, ¢.g., without morcasing the sending rate 1o a rate that 18 not
supportable by channel 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, since the allowable excess delay
parameter directly mdicates whether the video miformation in received packets may
actually be displaved to the user without degradation {¢.g., such as jitier, stuticring, or
ost frames).
[8163] Accordimg to aspects of this disclosure, based on the above analysis, rate control
unit 66 may mmpose the following requurements at a receiver device and a sender device
to perform up-switching:
¢ The recerver shall examane the armval of packets and compare thas 1o their
regularly scheduled playout times to determing whether there 18 an acceptable
amount of delay that can be mtroduced mto the transmission path:
allowable excess delay
e The reccrver shall examune the arrival of packets to calculate the average
¢ The recerver shall calculate the roundtrip time: RTT
s The receiver shall calculate the rate increase step as follows:
rate increase step = aliowable excess delay * ave receiving rate/
(RTT + receiver detection delay)
s When allowed by the Audio Visual Provide with Feedback (AVPE) RTCP
{ransmission rules, the receiver:
should send a Temporary Maximum Media Stream Bit rate Request
(TMMBR ) when 1t detects that the rate increase step > 5% x
ave receiving vate, and
shall send a TMMEBR when 1t detects that the rafe increase step > 15%
X avg receiving rale
e When sending 2 TMMBR message the reguested rate m the TMMBR:
should be equal to:
GVg yecerving rate - rale increase siep
shali be;
ave receiving rate + .83 rate increase siep) <=
reqguesied vaile <= qvg receiving rate +rate ncrease siep
[#184] In addition, according to aspects of this disclosure, the following requurements

may be umposed at the sender device to perform up-swiching:

¢ Upon receiving a Temporary Maximum Media Stream Bit Rate Request
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(TMMBR), the video sender should ramp up its sending rate 1o the

requested rate within SO0ms and shall ramp 1t up withan 1 second.
{8165} It should be understood that the “requirements” noted above are provided tor
purposes of example, and that the techuniques of this disclosure may also be apphied
usmg different values than the specific values described above. In addition, whaile
particular techniques are ascribed to particular unuts of FIG 3 for purposes of
explanation {¢.g. such as rate control unit 66}, it should be undersiond that one or more
other units of video decoder 42 may be responsibie of carrying out such techniguces.
Morgover, because VT 1s often a two-way commumication flow, similar techmiques may
be applied on both the forward and reverse network paths, e.g., by both a device
designated hercin as a sender device (such as a device that incorporates video encoder
20 of F1G. 2) and a device designated herein as a receiver device {(such as a device that
meorporates video decoder 42 of FHG. 3.
18186] FIG 4A and FIG 4B are graphs illustrating video source rate adaptation
tcchniques consistent with this disclosure. For example, FIG 4A generally illustrates a
bit rate of encoded data at a sender device (e.g., such as encoder system 12} during a
time that includes a decrease 1 a network hink rate. FIG 48 generally illustrates the
resulting delay that 1s associated with the decrease in the network link rate. The
techniques of FIQG 4A and 418 are described with respect 10 encoder system 12, 1t should
be understood that the technigues may be carned out by a variety of other sender
devices having a variety of other components.
{81671 In the exampic of FIG. 4A, at timc nstant to, a link rate (also referred to as a
network link rate or bandwidth) decreases from Rp to R as ithustrated by bne 80, where
sending rate = hnk rate). In response to the dechne in the network link rate, encoder
system 12 may reduce the sending rate. However, as shown 1 the example of FIG. 4A,
there 15 a response delay (AT) from 1o 10 £ associated with reducing the sending rate, as
itlustrated by dashed line 82, The response delay may also be deseribed heremn as a
buffcring duration, during which time the sending rate overshoots the network link rate
and encoder system 12 1s responsibie for buttering the data that canmot be

accommodated by the network hink.

[8108] As itlhustrated by line 84 1n the example of FIG. 4B, delay {¢.g., the tume between
cncoded data being available tor transmission and the time the encoded data 1s actually
transmitted) mercases refatively quickly from Dy to [ during the response delay (AT,

That 1s, delay mcereases relatively quickly from Dy to Dy between the time of the decline
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int the network hink rate tp and the fiime of the identification of the dechine n the network
hink rate t;. The delay may be proportional ¢ an amount of data that 1s buttered at
cncoder system 12,
(G169 At time 1y, the exanmples ot FIG. 4A and 4B illustrate diverging sending rate
techniques. For example, sohd hne 80 llustrates a first example m whach encoder
system 12 mamtamns the sending rate at the network link rate. For example, upon
identifying the decline in the network link rate, encoeder system 12 reduces the sending
rate from the onginal rate Ro to the new, reduced network hink rate Ry, In thus example,
the corresponding delay remams relatively high, as dlustrated by sohid bne 88, That 1,
because the sending rate 18 set at the network hnk rate Ry, there 15 no excess bandwidth
with which to reduce the amount of data that has been buttered.
{8118} Dashed limes 82 and §6 illustrate a second example in which encoder system 12
reduces the sending from the origimal rate Ry a reduced rate Ry that 1s less than the
network link vate Ry, This may be referred to as “undershooting” the network hink rate.
in this example, encoder systenm 12 may mamntain the reduced rate Ry for a deternuned
recovery rate duration (AT}, During this time, as illustrated by dashed bne 90, encoder
system 12 reduces the delay from Dy to D at time .
(81311} As described herein, encoder system 12 may determine the reduced rate (RU),
the buftermng duration (A1), and the recovery rate duration (AT,) using a variety of
technigues. In one example, encoder system 12 may deternune the reduced rate Ry
bascd on the expression (1-f;) ¥ Ry, where {15 an undershoot factor and R, 1s the
reduced link rate, and with fiy determuning the rate undershoot factor {1-f) and (< <1,
which relates the sending rate to the hink rate R;. In some examples, fy may be
dependent on the magnitude of the network hink rate drop, which may be represented by
the equation AR = {R¢-R;). In this example, as shown m FEG. 4A, Rg 15 the first
network ik rate prior to bemng reduced. i the magnitude of the network hnk rate
dechine AR 1s large, fu may be proportionally large. In other examples, 1t AR 1§ small,
then fy may be proportionally small, as shown m equation (6} below:

fu = AR/ R;}; ( f)}
[8112] H encoder system 12 butters all of the bits during the bulfering duration (AT)
and contribute to a delay, encoder system 12 may determine the recovery rate duration
{ATy) based on cquation {7} below:

AT, = AT (Re-R)/(Fu R (D

~4
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where ATy s the recovery rate duration, AT comprises the bulfering duration, Rg
comprises the {irst network hnk rate, R comprises the second, reduced network link
rate, and fy; comprises the rate reduction factor.
{8113} In some examples, cncoder system 12 may apply a nunimum bit rate
requirernent. The mimoumm bit rate requirement may be based on the capabibity of
video encoder 20, mumimminm system requirements for aser expernience, or the like. In
examples i which encoder system 12 applies a minimum bt rate requirement, video
encoder 20 may apply the munimum bit rate requirement {0 Ry and, therctore, also 10 the
undershoot factor fir. For example, encoder system 12 may apply equations (8) and (Y)
below to determine the reduced rate Ry and the undershoot factor iy

R1 T i (8)

TOUAALLALL

fuy <= 1-(Raw/Ry)} with Ry > R ()
reduced network lind rate, and {18 the undershoot facior.
13114} If during the recovery rate duration (A1) a TMMBR message 1s received by
cncoder system 12 that carries a new rate value R, and By 18 sigmticantly larger than Ry
{¢.g., Ky 18 greater than or equal to 1.2 multiplied by Ry), then encoder system 12 may
shorten the recovery rate duration, Conversely, it Ry 1s 1ess than R, then encoder
system 12 may determine an additional or extended recovery rate duration.
[3115] In gencral, as noted above with respect (o FIGS. 2 and 3, encoder system 12 may
estimate the buffering duration (AT} from network wmformation, such as RTT, downhink
delays (e.g., receiver 10 sender), knowledge about rate control reaction delay, reaction
delay of the congestion control {e.g., estimation of hink rate), message generation delays
{¢c.g., delay associated with generating RTCP packets), or the like. This network
miormation may be available at the sender side or may be signaled to encoder system 12
by a receiver device, such as a device that mcorporates video decoder 42 (FIG. 3).
[#116] While the example of FIGH. 4A and 48 illustrate step-wise changes {(¢.g., 4
single rate change between Ry and Ry for purposes of illustration, 1t should be
understood that the techmiques may be eratively applied such that the undershoot
profile 18 more gradual.
(8117} FIG S 15 a conceptual diagram illostrating deternnning a butienng duration
consisient with the techniquces 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 (SR) o a

recerver device (e.g., such as decoder systern 14) at ttme 120, For example, as
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described m REC 3550 as noted above, several RTCP packet types may be used to carry
a variety of control mformation. A sender report (SR} may be used for transnussion and
reception statistics from participands that are active senders. Likewise, a receiver report
(KR} may be used for reception statistics from participants that are not active senders
and i combination with BR for active senders reporting on more than 31 sources. The
recetver device may recerve the RTOP SR at time 1272,

{8118} The recerver device may send an RTCP TMMBR message to a sender device
with the estunated maximum bit rate for the forward channel at time 124, Insomge
cxamples, while there may be delays associated with generating the messages, the
recerver device may send a TMIMBR message immediately atter detecting congestion,
While a TMMBR message 15 described {for purposes of iHlustration, a varicty of other
messages that may mdicate delays/congestion may be used.

{#118] To facibitate the sender device with estimating the buffering duration {AT), the
receiver device myay also send the RTCP RR message at time 124, According {0 aspects
of thas disclosure, a recerver device may send a RR message immediately after the
TMMBR message. In this way, the sender device may recerve the TMMBR message
and RR message at time 126 and may compute the upper bound for the buttering
duration (AT} 128 as the time difference between sending the SR that 1s referred to n
the RR by the last SR timestamp (1.SR data) included m the RE and the time that the
RR 1s recerved. In other words, the receiver device may send first data that indicates a
request for a bit rate hmtation (e.g., the TMMBR message) and second data that
indicates a fume at which a message was generated (¢.g., the LSR data). The LSR data
may mehude the maddie 32 bits out of a 64 bit network fime protocol (NTP) timestamp
recerved as part of the most recent RTCP SR packet trom a source. I no SR has been
recerved yet, the LSR timestamp field may be set o zero.

[3128] In another example, rather than sending two separate successive messages (¢.g.,
TMMBR and RTCP RE) with the above-noted data, the TMMBR data and RTCP RR
data may be grouped inio a single RTCP message. At a nmuminmim, the receiver device
may send the LSK data, which allows the sender device to estimate the bufterng
duration {AT) 128, In thas example, the message size may be reduced.

({8121} The receiver device may use the LSK of the last recetved RTCP SR message,
cven if the receiver device had previously sent a RTCP RR message that has the same
SR Hthe recetver device had not yet sent an KRR, the receiver device may combing a

full RR message with the TMMBR message. In other examples, 1o reduce the message
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siFe, the recerver device may only send the 1SR data together with the TMMBR
message, which may be used to compute the RTT.

18122} In ancther example, it the recerver device has alrcady sent an RR, the sender
device may compute the bufterimg duration (A1) 128 more accurately as the time
difference between receiving the last recerved RR message and the new RR message
(e.g., that was sent by the receiver atter congestion was detected).

{81231 In stidl another example, the sender device may monitor the delay {e.g., the RTT)
and the sender device may keep scnding data at the reduced rate R, until the delay 15
sutficiently reduced. For example, the sender device may mamtain the sending rate at
the reduced rate R, ontil the quantity ot data stored to a bufter of the sender device falls
below a threshold level.

[8124] FIGS. 6A and 6B are graphs itlustrating a network link rate dechne and a
corresponding delay time, respectively. The graph of FIG 6A may be associated with
ime 80 of FIG 4A, while the graph of FIG. 6B may be associated with hine 88 of FIG.
4B. For example, F1G 6A shows a network bandwidth 140 iHustrated by the dashed
hine {also referred to as network bnk rate) and a sending rate 142 illustrated by a sohd
hine {also referred to as an encoding bit rate) (e.g., measured in kilobytes per second
(KBPS)). As dhustrated m Fi( 64, a sender device {e.g., such as encoder system 12)
may encode data at sending rate 1472 at a rate the same as or similar to bandwidth 140,
Accordingly, when bandwidth 140 18 reduced at time 144, the sender device may reduce
sending raie 142 to approximaiely the same vahie as bandwidth 140,

{3125] As shown i the corresponding delay graph of FIG. 6B, tollowing the declme in
bandwidth 140, the delay at encoder system 12 may be mercased from a first level 146
to a second level 148 (e.g., measured in nmlliscconds (MS})). As described herem, delay
rises upon the decline m bandwidth, because there 1S a reaction time associated with
reducing sending rate 147 to the level of bandwidth 140, Encoder system 12 may bufier
butters data that 1s encoded at the original (hugher) rate prior to reducing sending rate
142 to match bandwidth 140. As shown m FIG. 6B, the delay mav persist for a
relatively long duration 1f techniques 1o reduce the delay are not apphed.

18126] FIGS. 7A and 7B are graphs illustrating a network hink rate dechne and a
corresponding delay time, respectively. The graph of FIG 7A may be associated with
lincs 82 and 86 of FIG. 4A, while the graph of FIG. 7B may be associated with dashed
tine Y0 of FIG 48, For example, FIG 7A shows a network bandwidth 100 illustrated by

a dashed Ine (also referred 1o as network Imk rate) and a sendmg rate 162 ilustrated by



CA 02953711 2016-12-22

WO 2016/019015 PCT/US2015/042654

Y
A

a solid line (also referred to as an encoding bit rate) (e.g., measured m kilobytes per

second (KBPS)). As illustrated i FIG 7A, a sender device {e.g., such as encoder
system 12} may initially encode data at sending rate 162 at a rate the same as or simtlar
to bandwidth 160,
{8127} Accordmmg to aspects of thus disclosure, when bandwidth 160 15 reduced at time
164, the sender device may reduce sending rate to an reduced rate that 1s less than
bandwidth 160, That s, the sender device may determine a sending rate 162 that
undershoots bandwidth 140 m order to reduce the delay associated with the decline
bandwidth 160. As described herein, the sender device may deternune a buffering
duration, a reduced rate, and/or a recovery rate duration according to the techmaques of
this disclosure,
[8128] As shown in the corresponding delay graph of FIG. 7B, followmg the deching m
bandwidth 160, the delay at encoder system 12 may be mncreased from a first level 166
to a second level 168 {c.g., measured in milliseconds (MS)). As noted above, delay
rises upon the decline m bandwidth, because there 18 a reaction time associated with
reducing sending rate 162 1n response to the decline in bandwidth 160, However, by
reducing sending rate 162 0 a reduced rate {undershooting bandwidth 160), encoder
system 12 may reduce the delay more rapidly than the example shown 1 FIG 6B,
{8128} FIG R s a flow diagram illustrating an example process for down-switching a
rate at which data 1s fransmatted. The example of FIG 8 15 described with respect o
encoder system 12 for purposes of illustration. However, 1t should be understood that
the process of FIG. 8 may be carried out by a variety of other devices and/or processors.
[8138] Encoder system 12 may encode and transmit data over a network at a first rate
(13{}}. While transmtting the data at the first rate, encoder system 12 may identify a
cduction mn the network link rate from a first rate to a sccond rate (1823, For cxampie,
cncoder system 12 may monitor network conditions and/or receive onge or more
messages that mdicate a reduction mn the network hnk rate.
{8131} Encoder system 12 may determine a recovery bit rate that s less than the second
(reduced) network link rate (184). For example, encoder system 12 may deferming a bit
rate for encoding data that undershoots the new network Imk rate. According to aspects
of this disclosure, encoder system 12 may determine the recovery bit rate based on the
ditterence between the first network hink rate and the reduced network hink rate. For
cxample, if the reduction in the network fink rate is relatively large, encoder system 172

may deternune a recovery bit rate that is relatively aggressive {e¢.g., undershoots the



CA 02953711 2016-12-22

WO 2016/019015 PCT/US2015/042654

reduced rate by a substantial marging., Likewise, it the reduction i the network link rate
is relatively low, encoder system 12 may determine a recovery bit rate that 15 relatively
conservative {€.g., undershools the reduced rate by a relatively small margin).

{8132} Encoder system 12 may also determine a buffering duration based on a reaction

delay (e.g., a time associated with reducing the sending rate n response o the reduction

i the network hnk rate) (186). Encoder system 12 may determine the buttering
duration m a variety of ways. For example, encoder system 12 may determing the
buffering duration by estimating the buffering duration from network information, such
as round-trip-time (RTT} between encoder system 12 and a recerver device, downlink
delays, a rate adaptation reaction delay, a reaction delay of the congestion control,
message gencration delavs, or the hike. Encoder system 12 may determine the network
miormation mdependently or may receive the network mformation from the recerver
device.

{8133} Encoder system 12 may then determuine the recovery rate duration to maintaim
the recovery bit rate {18%). In some exampies, encoder system 12 may determine the
recovery rate duration based on a magnitude of the recovery rate and based on the
buftermg duration. In some examples, encoder system 12 may deternine a buttering
duration that is proportional 10 the magnitude of the reduction of the network link rate
(¢.g., as indicated by the recovery rate) and the amount of fime associated with reacting
to the reduction of the network link rate (¢.g., as mdicated by the buftermg duration).
{8134} Encoder system 12 may transmit data at the recovery bit rate for the recovery
rate duration {(190). In some cxampies, if the network Iink rate mcreases 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, certam acts or events of any of the techmques described with
respect to FIG. 8 may be performed 1n a ditferent sequence, may be added, merged, or
teft out altogether {(¢.g., not all described acts or events are necessary for the practice of
the technigues).

13135] FIG. 915 a tlow diagram dlustrating an example process for up-switching a rate
at which data 1s transputied. The example of FIG 9 18 described with respect to decoder
system |4 for purposes of illustration. However, it should be understood that the
process of FIG 9 may be carried out by a variety of other devices and/or processors.
[8136] Decoder system 14 may determine a time at which data is received (200}, For

example, 1 some mstances, decoder system 14 may wdentity the fime at which data 15
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recerved and stored at decoder system 4. In other mstances, decoder system {4 may
identify the time at which the data 1s processed (e.g., decoded) by decoder system 14,
({61371 Decoder sysiem 14 may also determine a plavout time of the recetved data

(207). For example, the received data may mclude an mdication of the time at which

Al
-

the data s intended to be output for display to a user. Accordingly, the mdication of the
plavout time may assist the decoder system 14 in organizing data for output.

{#138] Decoder system 14 may determine an aliowable excess delay parameter (204).
For exampie, decoder system 14 may deternune the allowable excess delay parameter
based on a difference between the time at which data 15 received and the time at which
the recetved data 18 scheduled to be played out. As described heren, delay may refer 1o
the time between data being available tor transnussion across a network link and the
time the data 1s actually transmitted to the network at the sender device. Accordingly,
the allowable excess delay parameter may indicate an amount of delay that is
supportable by the systen before user experience is mnpacted. That is, the allowable
excess delay parameter may generally mdicate an amount of time that may be utilized
by the sender device as a basis for mereasmg the bit rate without mpacting the user
cxperience.

(8139} Decoder system 14 may then determine a sender bit rate merease (206). For
examplie, according o aspects of this disclosure, decoder system 14 may deternune the
sender bit rate increase based on the allowable excess delay parameter. That 1s, decoder
system 14 may determune how much the sending rate may be wncreased by the sender
device without miroducing congestion mnio the system.

(31448} In some examples, decoder system 14 may determne a siep-wise rate merease 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 a current average
scnding rate at which data was received prior to determining the sending rate imcrease
{(¢.g., a current receiving rate). In this example, decoder system 14 may determine how
much the current sending rate may be mereased without mcreasing the rate beyond a
sustamable hnk rate (e.g., a rate at which packets armve at decoder system 14 after a
scheduled playout time of the packets).

(8141} In some mstances, decoder system 14 may also account for an amount of time
required to transmit messages between decoder system 14 and a sender device (e.g., a
round tip tune) and/or a delay associated with wdentifying delay at decoder system 14,

For example, decoder system 14 may determine the sender bitf rate mcerease based on a
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ratio of the allowable excess delay parameter multiphied by the receiving rate 10 a sum
of the round trip time and a time for detecting a delay at decoder system 14,

{8142} Decoder sysiem 14 may then transmit an mdication of the sending rate mcrease
(208}, For cxample, decoder system 14 may send data that represents a step-wise
sending rate mncerease to the sender device for the sender device 10 add 1o the sending
rate. In another example, decoder system 14 may send data that represents a requested
sending rate that incorporates the sending rate merease o the sender device.

18#1431 In some exampies, decoder system 14 may only transnut the mdication of the
senider bit rate moerease when the sender bit rate merease exceeds a threshold amount.
For example, decoder system 14 may compare a sender bif rate increase to a
predeternuned threshold. In one exampie, decoder system 14 may only transmit the
mdication of the sender bit rate increase when the sender bit rate merease exceeds
approximately five percent ot the recetving rate. In another example, decoder system 14
may only transmit the mdication of the sender bit rate increase when the sender bit rate
increase excecds approximately fiftecn percent of the receiving rate. Uther threshold
values of percentages are also possible.,

[8144] It should be understood that depending on the exampile, certain acts or events of
any of the technigques described with respect to FIG. 9 may be performed 1 a difterent
sequence, may be added, merged, or left out altogether (e.2., not all described acts or
cvents are necessary for the practice of the techniques).

[$#145] While certain examples described herein have been described with respect {0 a
particufar perspective {¢.g., being performed by a “sender device” or a “recciver
device”) it should be understood that the techmgues of thus disclosure are not himited n
this way. For example, as noted above, VT 1§ often a two-way communcation How.
Accordingly, similar technugues may be applied on both the forward and reverse
network paths, ¢.g., by both a “sender deviee” and a “‘receiver device.” Moreover, while
certain devices are shown and descnibed with respect to a certain perspective for
purposes of ilustration, it should be understood that the devices described herein may
have more or fower components than those shown, As an exampic, a sender device may
mcorporate both video encoder 20 (FIG. 2) and video decoder 42 (FIG. 3) and may
perform cach of the technigues described thereto.

{8146} In one or more examples, the functions described may be implemented in
hardware, software, firmware, or any combmnation thereot, If implemented i software,

the functions may be stored on or transmitted over, as one Or More mstructions or code,
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4 computer-readable medium and executed by a hardware-based processing unit.
Computer-readable media may mclude computer-readable storage media, which
corresponds to a tangible medium such as data siorage media, o communication media
mehiding any medium that faciltates transter of a compuier program from one place to
another, e.g., according t0 a commumcation protocol. In this manmer, computer-
readable media generally may correspond to { 1) tangible computer-readable storage
media which 1s non-transitory or (2) a commumnication medium such as a signal oy
carriecr wave, Data storage media may be any available media that can be accessed by
ONE OF MOFe COMpPUISrs OF ONC OF MOTS Processors to retrieve mstructions, code and/or
data structures tor impliementation of the techniques described m this disclosure. A
computer program product may mchide a computer-readable medium.

[8147] By way of example, and not lunitation, 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, or any other mednim 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. AlsQ, any connechion 15 properly termed a
computer-readable mednm, For example, f mstroctions are transmitied from a
website, server, or other remoie source using a coaxial cable, fiber optic cable, twisted
pair, digital subscriber e (DSL), or wireless technologies such as mirared, radio, and
microwave, then the coaxial cable, fiber optic cable, twisted pair, DSL, or wireless
technologies such as mirared, radio, and microwave are included in the definition of
medium. it should be understood, however, that computer-readable storage media and
data storage media do not mnclude connections, carner waves, signals, or other transient

media, but are mstead directed to non-transient, tangible storage media. Dhsk and disc,

as used herem, mcludes compact disc (CD), laser disc, optical disc, digital versatile disc
(V) floppy disk and Blu-ray disc, where disks usually reproduce data magnetically,
while disces reproduce data optically with lasers. Combinations of the above should also
be mncluded within the scope of compuler-readable media.

13148} Instructions may be cxecuted by one Or more processors, such as one or more
digital signal processors (D5Ps), general purpose microprocessors, application specific
imtegrated circuits (ASICs), ficld programmabie logic arrays (FPGAS), or other
cquuvalent mtegrated or discrete logic circutry, Accordingly, the term “processor,” as
used herein may refer to any of the foregoing structure or any other structure suttabic for

mmplementation of the techniques described herem. In addition, in some aspects, the
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functionality described heremn may be provided within dedicated hardware and/or
software antts or moduales 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.

[$148] The techmques of thas disclosure may be implemented 1 a wide vaniety of
devices or apparatuses, imncluding a wireless handset, an mtegrated cireutt (IC) or a set of
iCs {e.g., a chip set). Various components, modules, or units are described in this
disclosure 10 cmphasize functional aspects of devices configured to perforn the
disclosed technigues, but do not necessanly requuire realization by ditferent hardware
units. Rather, as descnibed above, vanous units may be combined in a codec hardware
unit or provided by a coliection of interoperative hardware units, including one or more
processors as deseribed above, m conmpunction with suitable software and/or firmware.
[#158] Various examples have been described. These and other examples are within the

scope of the following claums.
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CLAIMS:

Claim 1: A method of processing data, the method comprising:

transmitting data over a network at a first bit rate;

identifying a reduction in a network link rate of the network from a first network link
rate to a second network link 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 bit rate
is less than the second network link rate;

determining 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

determining a recovery rate duration during which to transmit the data at the recovery

bit rate based on the recovery bit rate and the butfering duration.

Claim 2: The method of claim 1, wherein determining the recovery bit rate comprises

determining the recovery bit rate using an undershoot factor that is based on a magnitude of

the reduction in the network link rate.

Claim 3: The method of claim 2, further comprising determining the undershoot factor
as a difference between the first network link rate and the second network link rate and

dividing the difference by the first network link rate.

Claim 4: The method of claim 3, wherein determining the recovery bit rate comprises
determining the recovery bit rate as the second network link rate multiplied by a difference

between one and the undershoot factor.

Claim 5: The method of claim 2, wherein determining the recovery rate duration based
on the recovery bit rate and the buffering duration comprises determining the recovery rate

duration based on the expression:
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ATu = AT (R()-Rl) / (fU R])
wherein AT, represents the recovery rate duration, AT represents the buffering duration, Ry
represents the first network link rate, R represents the second network link rate, and fy

represents the undershoot factor that 1s based on the magnitude of the reduction in the network

link rate.

Claim 6: The method of claim 1, wherein determining the recovery bit rate comprises
determining a recovery bit rate that 1s greater than a minimum bit rate, the minimum bit rate

being based on an encoding bit rate of an encoder configured to encode the data.

Claim 7: The method of claim 1, further comprising:

identifying an increase in the network link rate from the second network link rate to a
third network link rate while transmitting the data during the recovery rate duration; and

in response to 1identifying the increase 1n the network link rate, increasing the recovery

bit rate to a bit rate that is higher than the recovery bit rate.

Claim 8: The method of claim 1, wherein determining the buffering duration comprises
determining the buffering duration based on at least one of round-trip-time (RTT) data, data
associated with a downlink delay from a receiver device to a sender device, data associated
with a rate control reaction delay, data associated with a reaction delay of congestion control,

or data associated with message generation delays.

Claim 9: The method of claim 1, further comprising:
receiving data that indicates an estimated maximum bit rate for a forward channel
from a sender device to a receiver device between which the data is transmitted;
receiving data that indicates reception quality feedback; and
wherein determining the buffering duration comprises determining the buffering

duration based on the data that indicates the estimated maximum bit rate and the data that

indicates the reception quality feedback.
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Claim 10: The method of claim 9, wherein receiving the data that indicates the estimated
maximum bit rate comprises receiving a Temporary Maximum Media Stream Bit Rate
Request (TMMBR) message, and wherein receiving the data that indicates the reception

quality feedback comprises receiving a Receiver Report (RR) message.

Claim 11: The method of claim 9, wherein receiving the data that indicates the estimated
maximum bit rate and receiving the data that indicates the reception quality feedback
comprises receiving a single message that includes the data that indicates the estimated

maximum bit rate and the data that indicates the reception quality feedback.

Claim 12: The method of claim 9, wherein determining the buffering duration based on
the data that indicates the estimated maximum bit rate and the data that indicates the reception
quality feedback comprises determining a difference between a time at which a first message
1s sent to a receiver device and a time at which the data that indicates the estimated maximum

bit rate and the data that indicates the reception quality feedback 1s received.

Claim 13: The method of claim 1, wherein the data comprises encoded video data, the
method further comprising transmitting the data at the recovery bit rate for the determined
recovery rate duration, wherein transmitting the data at the recovery bit rate for the
determined recovery rate duration comprises performing rate control to reduce the bit rate of

the encoded video data to the recovery bit rate for the determined recovery rate duration.

Claim 14: A device for processing data, the device comprising:
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 link rate of the network from a first network

link rate to a second network link rate;
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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 1s less than 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 buftering duration.

Claim 15: The device of claim 14, wherein to determine the recovery bit rate, the one or
more processors are configured to determine the recovery bit rate using an undershoot factor

that 1s based on a magnitude of the reduction in the network link rate.

Claim 16: The device of claim 15, wherein the one or more processors are further
configured to determine the undershoot factor as a difference between the first network link

rate and the second network link rate and divide the difference by the first network link rate.

Claim 17: The device of claim 16, wherein to determine the recovery bit rate, the one or
more processors are configured to determine the recovery bit rate as the second network link

rate multiplied by a difference between one and the undershoot factor.

Claim 18: The device of claim 15, wherein to determine the recovery rate duration based
on the recovery bit rate and the buffering duration, the one or more processors are configured
to determine the recovery rate duration based on the expression:

ATy = AT (Ro-Ry) / (fu Ry)
wherein AT, represents the recovery rate duration, AT represents the buffering duration, Ry
represents the first network link rate, R represents the second network link rate, and fy

represents the undershoot factor that is based on the magnitude of the reduction in the network

link rate.
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Claim 19: The device of claim 14, wherein to determine the recovery bit rate, the one or
more processors are configured to determine a recovery bit rate that 1s greater than a minimum

bit rate, the minimum bit rate being based on an encoding bit rate of an encoder configured to

encode the data.

Claim 20: The device of claim 14, wherein the one or more processors are further
configured to:

identify an increase in the network link rate from the second network link rate to a
third network link rate while transmitting the data during the recovery rate duration; and

in response to identifying the increase in the network link rate, increase the recovery

bit rate to a bit rate that is higher than the recovery bit rate.

Claim 21: The device of claim 14, wherein to determine the buffering duration, the one or
more processors are configured to determine the buffering duration based on at least one of
round-trip-time (RTT) data, data associated with a downlink delay from a receiver device to a
sender device, data associated with a rate control reaction delay, data associated with a

reaction delay of congestion control, or data associated with message generation delays.

Claim 22: The device of claim 14, wherein the one or more processors are further

configured to:
receive data that indicates an estimated maximum bit rate for a forward channel trom a

sender device to a receiver device between which the data is transmitted;

receive data that indicates reception quality feedback; and

wherein to determine the buffering duration, the one or more processors are configured
to determine the buffering duration based on the data that indicates the estimated maximum

bit rate and the data that indicates the reception quality feedback.

Claim 23: The device of claim 22, wherein to receive the data that indicates the estimated
maximum bit rate, the one or more processors are configured to receive a Temporary

Maximum Media Stream Bit Rate Request (TMMBR) message, and wherein to receive the
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data that indicates the reception quality feedback, the one or more processors are configured

to receive a Receiver Report (RR) message.

Claim 24: The device of claim 22, wherein to receive the data that indicates the estimated
maximum bit rate and receive the data that indicates the reception quality feedback, the one or
more processors are configured to receive a single message that includes the data that

indicates the estimated maximum bit rate and the data that indicates the reception quality

feedback.

Claim 25: The device of claim 22, wherein to determine the buffering duration based on
the data that indicates the estimated maximum bit rate and the data that indicates the reception
quality feedback, the one or more processors are configured to determine a difference between
a time at which a first message 1s sent to a receiver device and a time at which the data that
indicates the estimated maximum bit rate and the data that indicates the reception quality

feedback is received.

Claim 26: The device of claim 14, wherein the data comprises encoded video data, the
one or more processors further configured to transmit the data at the recovery bit rate for the
determined recovery rate duration, wherein to transmit the data at the recovery bit rate for the
determined recovery rate duration, the one or more processors are configured to perform rate

control to reduce the bit rate of the encoded video data to the recovery bit rate for the

determined recovery rate duration.

Claim 27: The device of claim 14, wherein the device comprises at least one of:
an 1ntegrated circuit;

a MICroprocessor; or

a wireless communication device.

Claim 28: An apparatus for processing data, the apparatus comprising:

means for transmitting data over a network at a first bit rate;
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means for identitying 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
b1t rate 1s less than the second network link rate;

means for determining a buffering duration based on a difference between a time of
the 1dentification of the reduction in the network link rate and an estimated actual time of the
reduction 1n 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.

Claim 29: A non-transitory computer-readable medium having instructions stored thereon
that, when executed, cause one or more processors to:

transmit data over a network at a first bit rate;

identify a reduction in a network link rate of the network from a first network link rate
to a second network link rate;

determine, 1n 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

1dentification of the reduction in the network link rate and an estimated actual time of the
reduction 1n 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.
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