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(57) Abstract: A system and method for transmission of a video stream are provided. The system may include: an encoder adapted 
to generate a video stream comprising a plurality of encoded frames, encoded according to at least one encoding parameter; a com - 
parator in communication with the encoder, the comparator adapted to compare encoded frames of the plurality of encoded frames 
with input frames to determine a fitness metric reflective of visual quality of the encoded frames; and a controller in communication 
with the comparator, the controller adapted to adjust the at least one encoding parameter based on the fitness metric.



20
15

29
67

46
 

02
 N

ov
 2

01
8 SYSTEM AND METHOD FOR AUTOMATIC ENCODER ADJUSTMENT

BASED ON TRANSPORT DATA

CROSS-REFERENCE TO RELATED APPLICATIONS

[0001] This application claims the benefit of U.S. Provisional No. 62/031,407, filed on 
July 31, 2014, which is hereby incorporated by reference in its entirety.

FIELD

[0002] The present disclosure relates generally to the transmission of data streams. 

More particularly, the present disclosure relates to automatic adjustment of data stream 

encoding parameters based on transport data.

BACKGROUND

[0003] Delivery of large quantities of continuous real-time data from a transmitter to a 

receiver is a complex problem. The data stream may be compressed and transmitted over 

one or more concurrently connected networks before arriving at a server where the operation 

is reversed, and the data stream recreated.

[0004] The problem is particularly challenging when the data stream requires a high data 

rate such as when the data stream is a high quality (e.g., broadcast quality) video stream.

[0005] The problem is also particularly challenging when the one or more connected 

networks include wireless links, as required, for example when the transmitter is a mobile 
transmitter.

[0006] In particular, existing wireless technologies such as satellite or microwave fixed 

link may return a (live) video stream to a studio, but may have shortcomings. For example, 

satellite or microwave fixed link may take extra time to set up, may be expensive, and once 

set up may have reduced mobility. These solutions may have dedicated channels and a fixed 

bandwidth that prevents stream failure; however, sporadic drop-outs due to 

weather/catastrophic failure are still possible, but may be infrequent.
1
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8 [0007] Cellular networks are possible alternatives to satellite or microwave networks for 

sending data from a mobile transmitter. Cellular networks have broad coverage and are 

relatively inexpensive to access. However, cellular networks may have lower bandwidth, and 

may be prone to transmission errors, lag due to resource contention, signal fading and 

increased interference while moving.

[0008] Wi-Fi networks may provide higher bandwidth connections. However, Wi-Fi 

networks often have limited range and coverage, and may not be readily available to a 

mobile transmitter. Wi-Fi networks are also subject to interference.

[0009] Even when the networks are rated to transmit data at the bit rates required for 
real-time transmission of the data stream, maintaining the required bit rates is difficult. 

Available bandwidth may be reduced by many uncontrollable factors, such as physical 

objects causing interference, the weather, the contention that occurs when multiple devices 

share the same limited network resources, and so on. Such factors reducing available 

bandwidth may be unavoidable even when wired links (e.g., wired Ethernet) are used. 

Fluctuations in available bandwidth may cause concomitant fluctuations in transmission bit 

rates, and which may make it difficult to reliably transmit high quality audio and video data 

streams in real time.

[0010] Throughout this specification the word "comprise", or variations such as 
"comprises" or "comprising", will be understood to imply the inclusion of a stated element, 

integer or step, or group of elements, integers or steps, but not the exclusion of any other 

element, integer or step, or group of elements, integers or steps.

[0011] Any discussion of documents, acts, materials, devices, articles or the like which 

has been included in the present specification is not to be taken as an admission that any or 

all of these matters form part of the prior art base or were common general knowledge in the 

field relevant to the present disclosure as it existed before the priority date of each of the 

appended claims.

2
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[0012] In accordance with one aspect, a system for transmission of a video stream 

across a plurality of connected networks, each network having a corresponding available 

bandwidth is provided. The system may include: a connection controller circuit controlling a 

plurality of interfaces for transmitting the video stream over the plurality of connected 

networks, each interface corresponding to a specific network of the plurality of connected 

networks; an encoder circuit adapted to generate individual video streams comprising a 
plurality of encoded frames, encoded according to at least one encoding parameter; each 

individual video stream transmitted to a corresponding interface of the plurality of interfaces 

for transmission across a corresponding network at an estimated maximum bit rate derived 

based on a predicted available bandwidth available across all of the plurality of connected 
networks; a comparator circuit in communication with the encoder circuit, the comparator 

adapted to compare encoded frames of the plurality of encoded frames with input frames to 

determine a fitness metric reflective of visual quality of the encoded frames; upon detecting a 

change in the predicted available bandwidth determined from feedback data obtained by the 

connection controller circuit corresponding to each network and an encoding controller circuit 

in cooperation with the comparator, the encoding controller circuit configured to: receive data 

corresponding to the available bandwidth for each network of the plurality of connected 

networks, and control the encoder circuit to adjust the at least one encoding parameter for 

each of the individual video streams based on the available bandwidth of the corresponding 

network and the fitness metric the encoder circuit and the comparator cooperating to 

iteratively adjust the at least one encoding parameter until the fitness metric meets or 

exceeds a pre-defined minimum value to optimize visual quality of the video stream for a bit 

rate determined based at least on the available bandwidth of the corresponding network of 

the plurality of networks.

[0013] In one embodiment, the input frames may be provided to the comparator circuit 

from a video capture device.

[0014] In another embodiment, the system may include a pre-processor that processes 

frames prior to encoding, and wherein the input frames are provided to the circuit comparator 

from the pre-processor.
3
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8 [0015] In yet another embodiment, the input frames may be scaled versions of frames 

captured by a video capture device.

[0016] In one embodiment, the system may include a transmitter adapted to transmit 

encoded frames over a network.

[0017] In another embodiment, the comparator circuit applies at least one of Structural 

Simularity (SSIM), Peak Signal to Noise Ratio (PSNR), Mean Squared Error (MSE), Multi

Scale SSIM (MS-SSIM) to determine the fitness metric.

[0018] In still another embodiment, the at least one encoding parameter comprises one 

or more of a frame rate, an encoding rate and a frame size.

[0019] In one embodiment, the encoding controller circuit is adapted to adjust the at least 

one encoding parameter based on a complexity level of the video stream.

[0020] In another embodiment, the complexity level of the video stream is determined 

based on motion estimation analysis of the input frames of the video stream.

[0021] In accordance with another aspect, a method for transmitting a video stream 

across a plurality of connected networks, each network having a corresponding available 

bandwidth is provided. The method may include: controlling a plurality of interfaces for 

transmitting the video stream over the plurality of connected networks, each interface 

corresponding to a specific network of the plurality of connected networks; generating 

individual video streams each comprising a plurality of the encoded frames; encoding the 
frames of the video stream according to at least one encoding parameter for each of network 

of the plurality of connected networks for transmission across a corresponding network at an 

estimated maximum bit rate derived based on a predicted available bandwidth available 

across all of the plurality of connected networks; comparing the encoded frame with an input 

frame to determine a fitness metric reflective of visual quality of the encoded frame upon 

detecting a change in the predicted available bandwidth determined from feedback data 
obtained by the connection controller circuit corresponding to each network; receiving data 

corresponding to the available bandwidth for each network of the plurality of connected 

networks over which the video stream is transmitted and controlling an encoder to adjust the 
4
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8 at least one encoding parameter for each of the individual video streams based on the 

available bandwidth of the corresponding network and the fitness metric, the encoder 
cooperating with a comparator to iteratively adjust the at least one encoding parameter until 

the fitness metric meets or exceeds a pre-defined minimum value to optimize visual quality of 

the video stream for a bit rate determined based at least on the available bandwidth of the 

corresponding network of the plurality of networks.

[0022] In one embodiment, the method may further include encoding a further frame of 

the video stream according to the adjusted at least one encoding parameter.

[0023] In another embodiment, the method may further include capturing the input frame.

[0024] In yet another embodiment, the method may further include pre-processing the 

input frame, the pre-processing comprising scaling the input frame.

[0025] In one embodiment, the fitness metric is determined based on at least one of 
Structural Simularity (SSIM), Peak Signal to Noise Ratio (PSNR), Mean Squared Error 

(MSE), and Multi-Scale SSIM (MS-SSIM).

[0026] In another embodiment, the at least one encoding parameter comprises one or 

more of a frame rate, an encoding rate and a frame size.

[0027] In still another embodiment, the method may further include adjusting the at least 

one encoding parameter based on a correlated parameter.

[0028] In one embodiment, the correlated parameter is a packet loss rate.

[0029] In another embodiment, the method may further include adjusting the at least one

encoding parameter based on a maximum bit rate.

[0030] In yet another embodiment, the method may further include adjusting the at least 

one encoding parameter based on a complexity level of the video stream.

[0031] In still another embodiment, the complexity level of the video stream is 

determined based on motion estimation analysis of the input frames of the video stream.

5



20
15

29
67

46
 

02
 N

ov
 2

01
8 BRIEF DESCRIPTION OF THE DRAWINGS

[0032] Embodiments will now be described, by way of example only, with reference to 
the attached Figures, wherein:

[0033] FIG. 1 is a block diagram of an example system for transmitting data streams;

[0034] FIG. 2 is a block diagram of an example system for transmitting data streams

using multi-path transmission;

[0035] FIG. 3 is a block diagram of an example system for distributing video signals;

[0036] FIG. 4 is a block diagram of an example system;

[0037] FIG. 5 is a block diagram of an example system and feedback that can occur

within the system;

[0038] FIGs. 6A and 6B are flow charts showing an example method of video source 

scaling;

[0039] FIG. 7 is a flow chart showing an example method of video source scaling; and

[0040] FIG. 8 is a block diagram of an example system that incorporates feedback

regarding encoded video quality.

DETAILED DESCRIPTION

[0041] Generally, embodiments of this disclosure relate to a method and system for 
maintaining improved level of continuity of a data stream when wireless transmission 

anomalies cause lost, corrupt or delayed data streams. The solutions described may, in 

some embodiments, be intended to compensate for lost, corrupt or delayed data streams 
which may result in audio and video images that are jumping, broken, corrupt and perhaps 

even unwatchable. In another aspect, the solutions described herein may, in some 

embodiments, be intended to maintain video quality when network transmission disruptions 

occur or when available bit rates otherwise fluctuate.

6
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8 [0042] The problem with data transmissions can be further exacerbated when 

transferring broadcast quality video and ultra-high definition video data. In many instances 

continuity between audio and video frames can be important for the success of data being 

transferred. In a wireless environment, additional demands and challenges may require 
further methods for making video transmission viable.

[0043] This disclosure relates in particular to the problem of transmitting live, low latency 

audio and video data from a wireless mobile device. This problem differs from most previous 

work in this area, which has been focused on transmitting video data to mobile viewers. 

Different solutions may be required for transmitting audio and video from a wireless mobile 

device for at least two reasons. One, transmitting video to mobile viewers is expected to be 

lossy, with frames dropping out on a regular basis. Many consumer solutions rely on a single 

radio connection to the Internet. Two, bandwidth is asymmetrical, with the bandwidth down 

(to the mobile device) typically being many times the available bandwidth from the device. 

For example, representative numbers in some cases would be approximately 2Mbps down, 

300Kbps up. This transmission of data from wireless mobile devices includes the 

transmission of large volumes of data that may be time critical, for example, data 

transmissions of either normal definition video (720 by 576), high definition video (1920 by 

1080), or ultra high definition video (7680 by 4320). The transmission may also include 

unique environments like real-time news reporting, mobile news, reality television shows, 

sporting event coverage and a range of similar situation where the information gathered is 

dynamic and mobile. In these situations a wireless link to a wireless infrastructure may be 

used by many industries. Such wireless networks include general packet radio service 

(GPRS), enhanced data for global evolution (EDGE), universal mobile telecommunication 
system (UMTS), wideband code division multiple access (W-CDMA), long-term evolution 

(LTE), and many other 3G or 4G networks. Other wireless networks include WiFi, i.e. 802.11 

technology (with all of its various standards), or a newer classes of wireless technologies that 

are intended to aid in delivering data such as television on demand and video conferencing 

on demand.

[0044] In this disclosure, the term video buffer is intended to refer to audio and video 

encoded data from a live source, for example a video camera, a high-definition mobile device

7
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8 such as a mobile phone with digital camera capabilities, tablet computers etc., or from a 

stored source like a disk or other storage media. Packaged information buffers for 

transmission over a wireless network will be referred to as V-Packets. Also in this disclosure 

the term mobile transmitter will refer to any sort of wireless mobile device being used to 
transmit information buffers to a destination.

[0045] FIG. 1 illustrates an example data transmission system. Video data is captured by 

a camera 502 or similar device. The captured data stream is passed to a real-time 

audio/video encoder 510. Encoder 510 encodes, in real time, the captured data stream. 

Encoding may include compressing the data stream, and optionally, encrypting the data 

stream. The encoded data stream is then directed, in real-time, across a communication 

network 520 to an intended receiver.

[0046] Communication network 520 may include one or more wired links, one or more 

wireless links, or any combination thereof. So, network 520 may simply include a wire 

between two devices. Network 520 may include radio frequency, cellular, WiFi, Ethernet, 

Satellite, fibre links, or the like, or any combination thereof. Some or all of the 

aforementioned links may be fixed/dedicated links. Network 520 may span private networks 

or the Internet.

[0047] The intended receiver may, for example, be a real-time audio-video decoder 530. 

Decoder 530 decodes, in real-time, the data stream received over network 520. Decoding 

may include decompressing, and if necessary, decrypting the received data stream. In an 

embodiment, the intended receiver may include one or more frame re-assembly modules as 

described later in this disclosure. The stream decoded by decoder 530 may be distributed 

downstream, or displayed on a connected monitor 550.

[0048] As illustrated, time T 540 is the time required for the captured video to be 

encoded, transported, and decoded, which may be referred to as the “glass-to-glass” latency.

[0049] FIG. 2 illustrates an example data transmission system that includes multiple 

connected networks. As shown, the system includes n connected networks, namely networks 

520 (Network 1), 522 (Network 2) through 524 (Network n), each of which may be

8
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8 substantially similar to network 520 of FIG. 1. So, in an embodiment, each of networks 520 

(Network 1), 522 (Network 2) through 524 (Network n) may be a wireless link between 

encoder 510 and decoder 530.

[0050] When a data stream has been encoded by encoder 510, the encoded data stream 

may be transmitted through multiple network interfaces 560 (Interface 1), 562 (Interface 2) 
through 564 (Interface n), over networks 520 (Network 1), 522 (Network 2) through 524 

(Network n). Each of these networks may have its own characteristics and conditions, 
including available bandwidth, network latency, etc. For example, each network 520 

(Network 1), 522 (Network 2) through 524 (Network n) may have a bandwidth Bn 542, 544 

through 546, respectively, and a network latency Ln 552, 554 through 556, respectively. An 

embodiment may take into account these disparate characteristics to maximize overall 

throughput while providing an overall glass-to-glass latency T 540.

[0051] In some embodiments, the connected networks of FIG. 1 and FIG. 2 may each be 

a shared resource with access and availability shared with the many connected devices 

operated by the general public. As a result, available bandwidth and network latency may 

fluctuate during use. Even on networks with a defined quality of service, there may exist the 

possibility of service interruptions or delays. In embodiments described herein, the operation 

of encoder 510 may be automatically adjusted to take into account network conditions such 

as available bandwidth and latency. For example, in embodiments described herein, 
encoder 510 may adjust encoding parameters in response to changing network conditions. In 

some embodiments described herein, encoder 510 may also adjust encoding parameters in 

response to assessing video quality of an encoded video stream or in response to the 

incoming video stream.

[0052] FIG. 3 illustrates a block diagram of an example data transmission system 10. As 

depicted, system 10 includes multiple information buffers 12, 14 and uses multiple wireless 

networks 16, 18 to transmit information. In situations and environments where information is 

preferably dynamically delivered from mobile locations or devices, a mobile sourced video 

solution is required. This information or mobile sourced video may have originated from 

cameras or some other advanced capture method or the information may have been pre

captured and saved to a storage media to be transferred at a later time. After preparing the
9
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8 video data into buffers 12, 14, a steady and continuous flow of buffers may be sent from a 

mobile transmitter to a receiver via various techniques. The system 10 provides the ability to 

modify the video quality at the source by adjusting the amount of video information encoded 

into the buffers 12, 14 at the transmitter as described herein. Video quality can be 

dynamically adjusted (improved or degraded) in response to feedback from the network both 

locally and remotely, such as, for example, local queues at the transmitter or the remote 

receiver.

[0053] In the system 10 of FIG. 3, the video source data is prepared for transmission and 

moved into the video buffers 12, 14 by the Video Source and Encoding module 20, which 

may contain a storage component used to store data or video information. Many video 

buffers could be used and the data may be divided between the various buffers. Captured 

information can include, for example, normal, high or extremely high definition audio and 
video content. Preparation may include advanced compression (for example moving picture 

expert group (MPEG) compression), packetization and other processes designed to improve 

transmission. In some embodiments, video data from a single source, either live or stored, 

can be divided into different packets for transmission. Other techniques can also be used to 

break the video data stream into different packets for delivery over various links. The 

division of the data is intended to allow for wireless delivery of data in multiple video buffers 

12, 14 over one or more wireless network links, (Radio Frequency-1 (RF-1) 22, RF-2 24 and 

RF-10 26) over one or more wireless networks 16, 18 to an Information Frame Re-assembly 
component 28, via a wireless transport controller 30. Each of the processes shown can be 

executed within one or more computer systems and the division of labor between computer 

systems may be based on processing unit utilization and network capacity restrictions. 

Depending on conditions and processing unit availability, a complex video splitting method or 

a simple packetization and splitting method could be used. Within this encoding stage, the 

number of frames-per-second (FPS) is determined and the output enables dynamic 

adjustment of the quantity of information that is placed into the video buffers 12, 14 and 

subsequently transmitted to the Information Frame Re-assembly component 28.

[0054] The linkage 32 between the Video Source and Encoding module 20 and the 

Video Buffers 12, 14 could be external, for example, over FireWire, a Universal Serial Bus

10
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8 (USB) link, Serial connection, Bluetooth, WiFi wireless link or some other high speed link. 

Alternatively, in a fully integrated system the Video Source and Encoding module 20 could be 

together with the Video Buffers 12 and 14 in the same physical housing.

[0055] The system 10 includes a Buffer Management and Transport controller 34 which 

acts as an interface to a plurality of Radio Frequency (RF) modules 22, 24 and 26. In FIG. 3 

only three RF modules are illustrated as RF - 1 22, RF - 2 24 and RF - 10 26, however any 

number of modules may be included depending on the system. The Buffer Management and 

Transport Controller 34 accesses and reads portions of data in the Video Buffers 12 and 14. 

The portions of data labeled as V-Packet 1 - 1 36 to V-Packet 2 - 4 38 are created based on 

various factors including, but not limited to, the packet size restrictions of the wireless 

networks 16 and 18, other packet transmission results, configuration parameters and other 

such guidance within the overall system architecture.

[0056] The Buffer Management and Transport Controller 34 receives messages from RF 

modules 22, 24 and 26. The RF modules 22, 24 and 26 can return messages from an 

Information Frame Re-assembly module 28, via the Wireless Transport Controller 30, from 

the Wireless Transport Controller 30, and from interactions with one or more Wireless 

Networks 16, 18 through base stations 40 that are within a coverage region.

[0057] These messages represent feedback on metrics relating to through-put, latency, 

coverage, congestion, transmission failures with each base station 40 during the process of 

trying to exchange messages. Such metrics may be measured at a transmission side of the 

network (e.g., measured at the RF modules 22, 24, or 26), at a receiving side of the network 

(e.g., measured at the Wireless Transport Controller 30 or at the Information Frame and Re

assembly module 28), or at intermediaries within the Wireless Networks 16 and 18 (e.g., 

routers, nodes, etc.). Metrics measured at such locations may be used alone or in any 
combination as feedback by the Buffer Management and Transport Controller 34.

[0058] In turn this information guides the Buffer Management and Transport Controller 

34 to decide what quality of video information to packetize, how much information to send 

and through which RF modules 22, 24 and 26, and through which linkage 48.

11
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8 [0059] Once information is received by the Information Frame Re-assembly module 28, 

the information is collected into a video buffer for output 42. This buffer could be within the 

same computer system as the Information Frame Re-assembly module 28 or it could be 
housed in a separate system through a well-known link, like USB, FireWire or some high 

speed transfer connection. Linkage 44 between the Wireless Transport Controller 30 and 

the Information Frame Re-assembly 28 could be over, for example, a high-speed computer 

bus (multiple CPUs in the same physical housing), or over gigabit Ethernet (TCP/IP) or some 

other well known coupling method. The wireless transport control has a further link 50, where 

it is linked to wireless networks within the coverage range. A further linkage is created 
between the Buffer Management and Transport Controller and the video buffers 46.

[0060] FIG. 4 illustrates a block diagram of another example system 100 with multiple 

Video Buffers 112, 114 using multiple wireless networks 116, 118 to transmit, via a link 150, 
the video information to a distribution point 168 where it can be split for distribution. In this 

embodiment a Wireless Transport Controller 130 is coupled with a Connection Validation, 

Video Splitting and Distribution Module 160 (referred to as a Distribution module 160), via a 
link 164. The Distribution module 160 acts as a central hub for dealing with the distribution of 

Video Buffers 112, 114 to a large number of possible Information Frame Re-Assembly 

components 128a, 128b. This distribution point 168 is coupled to a wide area network like 
the Internet 164 via any well known high-speed link 162 for example, network links running 

megabit or gigabit speeds (e.g. T1 lines or faster). The distribution point may be directed 

coupled to at least one Information Frame Re-assembly module through a link 166.

[0061] The Information Frame Re-assembly components 128a, 128b could include cable 

stations, news outlets, Internet content centers, streaming Internet distributors and a wide 

range of existing and future distribution options. The Information Frame Re-assembly 

component is also connected to a video buffer 142 which is adapted to output or display the 

video or other data. In FIG. 4, various elements of the system are consistent to FIG. 3, but 

the Wireless Transport Controller 130 is centralized in a way that allows received V-Packets 

1-1 to 2-4 136, 138 to be split, distributed and seen by a wider audience over a wide area 
connection network like the Internet 164. Distribution over the Internet 164 allows for quick 

worldwide distribution of real-time data from mobile camera collecting news and real-time
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can be authorized, paid for and validated at any time. This system may allow new 

distributions to be more easily added to existing content with less negative impact on the 

overall system. Connections between the Information Frame Re-assembly components 

128a, 128b would take place using common TCP/IP based protocols 166, such as real-time 

streaming protocol (RTSP) and real-time messaging protocol (RTMP) or a custom approach 

using User Datagram Protocol (UDP), which are easily able to distribute audio and video 
content. Such distributions are well known in the industry and have far fewer problems than 

ensuring the reliability of the data reception over the Wireless Networks 116, 118 that were 

used to collect the data in the first place.

[0062] The centralized Information Frame Re-assembly component allows for remote 

management and control of the mobile unit. In addition to status information, the central 
control pushes configuration instructions to the mobile unit, directing operation, which 

input/output to use, general quality settings, etc. The central control is capable of remotely 

configuring both the directly connected for example the mobile transmitter or Buffer 

Management and Transport Controller 134, to the server and those that route through the 

central systems, for example Information Frame Re-assembly module 128a, 128b.

[0063] As in FIG. 3, a Video Source and Encoding module 120 contains data that is 
distributed to the video buffers 112, 114 through a link 132. The Buffer Management and 

Transport Controller 134 receives the buffers through a link 146 and distributes the data to a 

plurality of RF modules 122, 124 and 126. The RF modules 122, 124 and 126 transmit the 

data to a base station 140 on range of a wireless network 116.

[0064] FIG. 5 illustrates a block diagram of yet another system 200 and the feedback that 

occurs within the system 200. The system has a video source encoding module 220 which 

relays video or other data via a link 232 to video buffers 212, 214. The system 200 further 
includes a Buffer Management and Transport Controller 234, which access the video buffers 

212 and 214 trough a link 246, attempts to deliver V-Packets 1 - 1 to 2 - 4 236, 238 to an 

Information Frame Re-assembly module 228. Various failures and issues may take place 

along the delivery path. In an example system that uses Wireless Networks 216, 218 as part 

of the delivery path these failures may increase in frequency and seriousness as compared
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modules 222, 224, 226 attempt to wirelessly transmit the V-Packets 236, 238 to a specific 

base station 240. Base stations 240 experience frequency congestion issues, as the RF 

module 222, 224, 226 move, the coverage indications and receive signal strength indicator 
(RSSI) can show a degradation in link quality and its ability to receive the information. Errors 

due to spontaneous congestion may occur when an increase of wireless mobile devices wish 

to transmit at the same time. All of these failures, indicators and congestion issues result in 

the RF modules, i.e. RF-1 222, RF-2 224 and RF-10 226 sending signals 270 back to the 
Buffer Management and Transport Controller 234.

[0065] For V-Packets 236, 238 that make it across to the base station 240 there is still 

the transmission of information across the Wireless Network 216, 218. Within the Wireless 

Network 216, 218 an additional set of failures can occur. These failures can result from 

congestion issues within the Wireless Network 216, 218, lost packets, damaged packets that 

can not be understood and a range of other internal issues. As the Information Frame Re

assembly module 228 receives V-Packets 236, 238 it can infer which V-Packets 236, 238 did 

not make it across the Wireless Network 216, 218. The Buffer Management and Transport 
Controller 234 can also write a time stamp into each V-Packet 236, 238 just before it 

performs the transmission to the base station 240. This time stamp can then be used by the 

Information Frame Re-assembly module 228 to determine how long each V-Packet 236, 238 

took to make it across the various hops to reach the base station. This one-way transmit 

time can then be used to determine if the Wireless Network 216, 218, the base station 240 or 

the link to the Wireless Network 250 is bottlenecked and may cause unusual delays in 

reception of the V-Packets 236, 238. This information and statistics regarding the 

transmission is collected by the Information Frame Re-assembly module 228 and transmitted 
back as a status message 272 to the Buffer Management and Transport Controller 234. 

Further status messages may be relayed similarly from the RF modules.

[0066] With all this status information 270, 272 returning to the Buffer Management and 

Transport Controller 234. The Buffer Management and Transport Controller 234 has the 

ability to make decisions intended to improve the overall continuity of V-Packet 236, 238 
information flow over each attached RF Module 222, 224, 226. Since there can be any
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feedback paths. For example throughput calculations for V-Packets 238, which could be 

sent through RF-10 226 into Wireless Network 2 218 and over link 250, could be taking 1/3 

of the time for V-Packets 236 shipped over Wireless Network 1 (216). This information is 
taken into account when the Buffer Management and Transport Controller 234 merges all 

feedback information into a common feedback 274 to the Video Source and Encoding 

Module 220. The Video Source and Encoding Module 220 could be told to limit the amount 

of video buffer data 212, 214 it generates and stores into the buffer area. Image quality is 

reduced or degraded or it can be increased and improved in various different ways. Some of 

these ways include scaling down the image, as detailed below, which results in a generalized 

loss of quality over the entire frame, but may reduce or eliminate visible macroblocking. 

Alternatively the amount of video buffer 212, 214 can be reduced by decreasing the encoding 

bit rate, which tends to affect areas of higher movement or the frame rate can be decreased 

or increased. By adjusting the encoding and frame rates the number and quality of video 

images encoded changes, thus affecting the information encoded into the video buffer. A 

significant decrease in the encoding bit rate will eventually create a visibly degraded image at 
the receiving end.

[0067] Video that has been scaled down during encoding may be upsized to its original 
size (e.g., with missing pixel interpolated according to a scaling algorithm) by a decoder prior 

to display.

[0068] Scaling can be performed by Video Source and Encoding Module 220 before 

encoding the video data during pre-processing, as further detailed below. When scaling is 

performed during pre-processing, , the number of bits allocated per pixel during the encoding 

process is increased. As a consequence, the image quality in the resulting output after 

decoding and upsizing may be improved compare to when scaling is not performed.

[0069] In one particular embodiment, Video Source and Encoding Module 220 applies 

scaling according to the following mapping of aggregate bit rate (available for data 

transmission over one or more network connections) to frame dimensions given an 

1920x1080i29.97fps input:
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Aggregate Bit Rate (Kbps) Dimensions After Scaling

0-500 320x180p29.97fps

300-1100 480x270p59.94fps

900-1700 640x360p59.94fps

1500-3000 960x540p59.94fps

[0070] In this particular embodiment, scaling is not applied when the aggregate bit rate is 

greater than 3000 Kbps. As shown in the above table, along with scaling, Video Source and 

Encoding Module 220 may also adjust the frame rate and whether the frames are interlaced 

based on the aggregate bit rate available for data transmission.

[0071] The Buffer Management and Transport Controller, as shown in FIGS 3,4 and 5, 

uses several factors to determine if the capacity of a particular RF channel has changed 
(either increased or decreased) including, but not limited to, network latency; connection 

RSSI; packet delivery failure; delivered bit rate compared to sent bit rate; and pending data 

(backlog).

[0072] In regard to network latency, the current network latency is measured by 

synchronizing the clocks at opposite ends of a network and continuously measuring the 

delay introduced by the network in delivering all packets. Once the latency is known, the 

Buffer Management and Transport Controller uses the information to determine whether an 

RF Connection is behaving well, compared to another connection or compared to the 

connection itself. For example, if the connection was compared with itself, the current 

network latency may be compared to the latency in the past X seconds, where X is a 

predetermined number used for the comparison. Conventional statistical techniques (for 

example, an exponentially decaying histogram) can also be used to develop a model for 
latency variation. A poorly performing connection may have a highly variable latency that
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channel to be useful, for example an approximately 2 second delay in short latency mode 

with a 1.5 glass-to-glass latency. For instance, each active audio/video stream has an 

associated end-to-end (or glass-to-glass) latency - the configured time delay between when 

the image was captured by the camera and when it is actually delivered to the video buffer 

for output. If the network delay of a particular RF interface increases significantly such that 

the glass to glass latency is threatened, that RF interface is either deprecated or shut down 
entirely to prevent the stream from being corrupted. This is particularly an issue for 

transmissions using an extremely short glass-to-glass latency, for example, less than 

approximately 2 seconds. Also, during transmission, if the network latency increases beyond 

a configured tolerance, it is also possible that the RF interface is sending more data than the 

network is capable of delivering, causing data to back up inside the RF interface/network. In 

this circumstance the Buffer Management and Transport controller may decrease the amount 

of data the RF interface/network is allowed to transmit. When the latency returns to normal, 

the Transport control may allow the RF interface to carry more data. The Buffer 

Management and Transport controller also uses the measured network delay to anticipate 

lost packets and retransmit them before the output video buffer misses them. If a packet 

hasn’t been delivered and the time passed is longer than the network latency at the time that 

the RF interface sent it, the packet is considered lost. Also, if the packet is reported lost and 

the scheduled play time for the packet is close to the network delay of the fastest RF 

interface, in other words, the RF interface with the lowest network delay, the packet is 

assumed lost and resent.

[0073] Connection RSSI may aid in determining whether a specific channel is actually 

available.

[0074] Packet delivery failure is the rate at which packets are lost when sent via a 

particular RF interface. The status packets sent back to the Buffer Management and 

Transport Controller include statistics regarding the number of packets lost in a particular 

interval. The status packets also identify particular packets not received. These packets are 
resent in a timely manner to prevent the received stream from failing/breaking up due to 

missing information (a dropped frame). An increasing packet delivery failure rate is an
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decreased.

[0075] In an alternative embodiment, a mechanism may instruct the network to allocate 

more bandwidth to the mobile device transmitting data. For example, in a network having a 

Quality of Service agreement, an indicator or trigger may be included that would indicate the 

desire to provide greater bandwidth for the ongoing transmission. This added mechanism 

may require further modification on the typical Quality of Service agreements currently in 

place.

[0076] Pending data (backlog) is the queue of packets awaiting transmission over any of 

the available RF interfaces. The Buffer Management and Transport controller monitors the 

current transmission rate of all connected/operating RF interfaces. The volume of data to be 

sent which would include continuous data generated by the source plus any packets that 

were detected/reported as lost. The presence of backlog does not necessarily require an 

immediate adjustment to the encoding bit rate by the Video Source and Encoding Module 

220. For longer glass-to-glass latencies, the Information Frame Re-assembly Module 228 

will have more audio/video data buffered, which gives the RF interfaces more time to attempt 

to clear the backlog without a reduction in encoding bit rate.

[0077] The audio encoding bit rate is much smaller relative to the flow of video 

information and is unlikely to have an impact on the system’s ability to transmit a data 
stream. There may be little benefit in attempting to limit the audio signal bandwidth in order 

to preserve signal integrity. In one embodiment, the audio bitrate may be sent as a 

percentage of the total available through-put (bitrate) up to a pre-defined maximum (cap). In 

an alternative embodiment, the audio bitrate may be set as a fixed amount.

[0078] Many other factors could affect how the Buffer Management and Transport 

controller 234 sends status signals 274 onto the Video Source and Encoding module 220. 

The examples provided above are not meant to be exhaustive but representative of possible 

signals and failures to create feedback in the system. The Buffer Management and 

Transport controller may further include a storage component where information and other 

factors relating to the transmission are stored for later analysis.
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video source scaling 300 within, for example, the Video Source and Encoding module. This 

flow chart may represent a small part of the overall functionality of the Video Source and 

Encoding module. Video input is received from a source 302. As described above, the video 
input can be from a range of different sources and can be broadcast quality video, high- 

definition, ultra-high definition or some further large sized video data. At the start of the 

process the video buffer encoding component 304 takes charge of the data and determines if 

there is any video buffer size adjustment in effect 306. Dynamic video size adjustment is an 
example method for increasing or decreasing the amount of data that must be transmitted 

wirelessly. If video buffer size adjustment is not in effect then regular encoding of the video 

data takes place 308 into video packets based on the normal and configured methods. As 

mentioned these methods include, for example, compression, for example, MPEG or other 

methods, encryption if required and packet splitting to move data through multiple video 

buffers for different Wireless Networks.

[0080] If video buffer size adjustment is in effect then a further check is performed to see 

if video buffer size should be decreased 310. A video buffer size decrease is not in effect 
then the video buffer encoding can be increased based on the buffer size adjustment flag. 

The amount of adjustment is based on the improvements in the parameters being monitored. 

These parameters can include measured latency and through-put, RSSI, base station 
saturation values, transmit failures, congestion values through the network, received latency 

by the remote receiver and many other similar parameters. When these values are analyzed 

against their previous values all improvements are compared and a determination is made 

using high and low water predetermined values. As values increase above thresholds then 

the amount of data can be increased. The method for increase 312 may follow the 

configured method used for decreasing the video buffer output. Methods to increase video 

image data quantity can include methods like: scaling up the image, which results in a 

generalized improvement of quality over the entire frame, by increasing the encoding bit rate, 

which tends to improve areas of higher movement, or the frame rate, can be increased. 

Additional methods include de-noising the image, de-interlacing the image (if the image is 

received at interlaced) or dynamically adjusting the color range of the image. These image
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encoder or they may be incorporated as part of the video encoding step.

[0081] In one embodiment, the encoding bit rate, frame size or frame rate may be 

adjusted to increase or decrease the transmitted bit rate in response to changes in monitored 

parameters that may be correlated. For example, the bit rate and packet loss may be 

correlated. That is, pushing more data at a connection may result in increased packet loss at 

the connection. Accordingly, once an increase in packet failure or packet loss has been 

detected, an appropriate configured method may be applied to reduce the video image data 

quantity to reduce the transmitted bit rate.

[0082] If a video buffer size decrease is in effect 310 then the amount of data saved into 

video buffers is decreased 314. This decrease follows the configured method that is being 

used within the system. As discussed above, the method for decreasing can follow the 
configured method used for increasing the video buffer output. For example, decreasing 

video image data quantity can be done through decreasing of encoding bit rate. Other 

techniques may also be employed to improve perceived video quality at a lower encoded bit 
rate, including scaling down the image or reducing the frame rate. Methods such as scaling 

down the image, which results in a generalized decrease of quality over the entire frame, 
decreasing the encoding bit rate, which tends to negatively affect areas of higher movement, 

or decreasing the frame rate, may be used in combination to decrease the amount of data 

saved into video buffers. .

[0083] Once the amount of encoded data is determined to be unadjusted 308, increased 

312 or decreased 314, the data is then placed into multiple video buffers 316. Once the 

buffers are written the system for transmitting returns to wait for additional video data from 

the input source 318.

[0084] To assist in the determination of when to adjust video buffer output the Video 

Source and Encoding Controller receives a signal (A) 320 from the Buffer Management and 

Transport module. The received signal indicates a video buffer size change is required 322. 

A check is made to determine if the size should be decreased 324. If the size is to be 

decreased a flag or other indicator is set to indicate that the video buffer output should be
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328.

[0085] FIG. 7 provides a flow chart showing aspects of an example method of video 
source scaling 400 within the Buffer Management and Transport module. This flow chart 

represents only one aspect of the overall functionality of the Buffer Management and 

Transport module. First, the Buffer Management and Transport module receives status 

signal information 402 from an external source. As previously shown, these sources may be 

RF modules or remote wireless transport controllers. If the status is from an RF-Module 404 

then various indicators are checked. There are other possible indicators only a few 

indicators are shown in this flow chart for readability. Status messages or indicators are 

feedback that can be related to the current (or active) video stream, client state, network 

state, remote server/network state and/or wireless status. Current video stream state 

messages include statistics related to, for example, the current transmission, including 

received bit rate, sent bit rate, lost packet rate, packet interval times, last sent time, clock 

status, bytes sent and received, buffer sizes, latency statistics, current length of buffered 

data, and the current glass to glass delay. Client state messages notify the Buffer 

Management and Transport controller of configuration changes in the central control. 

Network state information includes applying weighting to networks which may allow 

preferential treatment, for example, some networks may be preferred due to cost and/or 

business agreements. Remote server/network information includes statistics about the end

point, whether the remote IFR is in use, bandwidth limited, available resources, such as disk 

space and processing power, and other end point information. Wireless status includes 

information related to the general health of the connected wireless networks such as 
reliability, throughput, historical behavior, and configuration.

[0086] As an example, the coverage signal RSSI is checked 406 to see if the range has 

changed considerably. This check can be based on a previously saved value from this RF- 

Module, it can include a high and low water threshold change value, or that minor changes 

are ignored. If the coverage indicator has changed significantly for better or worse the 

coverage parameters are checked 408 and a flag is set to indicate whether the change is 
significant enough to require amending some transmission parameters. The flag might
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indicators may be used.

[0087] If the signal from the RF-Module is not coverage related then a range of other 

possible base station issues are checked 410. This could include base station congestion 

factors, transmit failure attempts, dead zone indicators, base station handoff protocols in 

effect or other such wireless network anomalies. Once these are checked and analyzed the 

applicable flag is set 412 based on the status message and threshold levels. The flag could 

indicate conditions have improved or degraded.

[0088] If the status message is not from an RF-Module 404 then the status message 

may be from the Information Frame Re-assembly module. This status message could 

indicate a change in the receive frequency in video packets, either better or worse reception 

or it could indicate congestion issues have changed for better or worse, or it could indicate 
many other conditions have changed in packet reception, for example, lost packets, packet 

delivery rate, current network latency/delay, received bit rate (bps) synchronized with sent bit 

rate, etc.

[0089] Based on the status message and various threshold conditions the theoretical 

bandwidth of the RF connection is recalculated. If the aggregate calculated bandwidth for all 

connected RF connections has changed, the applicable flag is set to indicate an 
improvement or degradation of video buffer transfers 416.

[0090] Once this review of the status message is complete and the appropriate indicators 

have been set, a final review of the system changes is made 418. Within the final check all 

flags are reviewed against a preconfigured high or low water threshold mark to determine 

whether a sufficient change in the transmission by the system has been detected. Although 

a low-water and high-water threshold mark technique is discussed here many other methods 

could be used to determine whether the detected changes in video buffer transfers are 
significant enough to alter the video buffer output. For example, adaptive bit rate (ABR) may 

be used to determine an appropriate quality of streaming video frames and in turn, an 

appropriate quality of the video buffer output. Based on this determination a signal to
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module and it connects through (A) 422 to FIG. 6.

[0091] In some embodiments, the Buffer Management and Transport Controllers 

described herein (e.g., Controllers 34, 134, or 234) may apply statistical analysis to feedback 

data, e.g., as received from any of the RF Modules described herein (e.g., RF modules 22, 

24, 26, 122, 124, 126, 222, 224, or 226) or calculated at a Buffer Management and Transport 

Controller. For example, a Buffer Management and Transport Controller may apply statistical 

analysis on transmit rate, receive rate, instant network latency, averaged network latency, 

and other parameters to predict network performance (e.g., aggregate bandwidth available) 

based on feedback collected over time, e.g., over a pre-defined interval. Statistical analysis 

may include determining a mean, moving average, expected value of the noted parameters, 
or similar analyses.

[0092] Applying statistical analysis to feedback data to predict network performance 

reduces variability in predictions, such as predictions of aggregate bandwidth available. 

Consequently, such statistical analysis may also reduce variability in the determination of 

optimal video buffer sizes and variability in the bit rate of transmitted video data. 

Conveniently, reducing variability in the bit rate of transmitted video data may result in an 

overall higher video quality, as would be perceived by a user. However, applying statistical 

analysis may result in reduction of overall bit rate of transmitted video data. For example, 

brief increases in available aggregate bandwidth may not be fully utilized for the sake of 
maintaining a steadier bit rate.

[0093] FIG. 8 illustrates an example data transmission system. As detailed herein, the 

system of FIG. 8 includes an encoder that dynamically adjusts encoding parameters during 

transmission of a video stream, where the adjustments are based not only on predicted 

network performance (e.g., predicted available bandwidth), but can be additionally or 

alternatively based on objective analysis of a visual quality of the encoded video stream. The 

objective analysis of the visual quality may be performed automatically without manual 
intervention. Conveniently, the system of FIG. 8 may be used to optimize the encoding 

parameters and resultant visual quality of a video stream for a given available transport 
bandwidth.
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conditions, or when predicting available bandwidth conservatively (e.g., using statistical 

analysis as noted above), as may be desirable when a steady transmission bit rate is 

desired.

[0095] As depicted in FIG. 8, the system includes a Video Source and Encoding Module 

600. Video Source and Encoding Module 600 includes Source 602, Encoding Component 

610, Encoding Controller 630, and Frame Comparator 640.

[0096] Video data is captured by Source 602, which may be a video camera or similar 

device, and captured video data is delivered to Encoding Component 610.

[0097] Encoding Component 610 includes Pre-Processor 612 and Adaptive Rate 

Encoder 614, which perform pre-processing and encoding, respectively.

[0098] The Pre-Processor 612 formats the video stream for encoding, performing actions 

such as frame size scaling, frame rate adjustment, deinterlacing, noise filtering, or the like. 

Adaptive Rate Encoder 614 encodes the processed video stream using currently selected 

encoding parameters, as may be automatically selected in manners detailed below. Adaptive 

Rate Encoder 614 may employ any of the encoding methods and techniques disclosed 

herein, or other encoding methods and techniques known to those of ordinary skill in the art.

[0099] Video Source and Encoding Module 600 is otherwise similar to other Video 

Source and Encoding Modules described herein (e.g., Video Source and Encoding Modules 

502,510, 20, 120 or 220).

[00100] Encoded frames are passed to Connection Controller 620 for transport across 

connected networks 650, 652, 654. In some embodiments, Connection Controller 620 may 

include a Buffer Management and Transport Controller as described herein (e.g., Buffer 

Management and Transport Controllers 34, 134, or 234), and may include Video Buffers as 
described herein (e.g., Video Buffers 12, 14, 112, 114,212, and/or 214).

[00101] Feedback data 622 from connected networks and from any local connections are 

returned to Connection Controller 620 where it is evaluated and an optimal maximum bit rate
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the Encoding Controller 630, detailed below.

[00102] Frame Comparator 640 receives encoded frames from Encoding Component 610 

and compares the encoded frames with input frames to evaluate the visual quality of the 

encoded frames.

[00103] Frame Comparator 640 may compare encoded frames with input frames that are 

source frames produced by Video Source 602. Frame Comparator 640 may also compare 

encoded frames with input frames that are pre-processed frames, as produced by Pre
Processor 612 (but before encoding by Adaptive Rate Encoder 614).

[00104] Frame Comparator 640 may decode encoded frames to facilitate comparison. As 

such Frame Comparator 640 may include a decoder as disclosed herein (e.g., decoder 530). 

Frame Comparator 640 may rescale the decoded frame to its original size before comparing 

the decoded frame to the corresponding input frame.

[00105] Frame Comparator 640 may be configured to include and use various algorithms 

to compare frames, including, for example, Structural Simularity (SSIM), Peak Signal to 

Noise Ratio (PSNR), Mean Squared Error (MSE), Multi-Scale SSIM (MS-SSIM) or the like. 

The listed algorithms are examples only, and other conventional or proprietary algorithms 

may also be used in place or in conjunction with the listed algorithms. Upon applying such 

algorithms to compare frames, Frame Comparator 640 calculates a metric reflective of the 

evaluated visual quality of the encoded frame relative to the source frame, which may be 

referred to as a “fitness” metric. This fitness metric is provided to Encoding Controller 630, 

which uses the fitness metric as part of the feedback for selecting optimal encoding 

parameters.

[00106] In some embodiments, a combination of metrics may be used, each reflective of 

different aspects of visual quality of encoded frames.

[00107] In some embodiments, comparison by Frame Comparator 640 of the encoded 

frames with the pre-processed frames (as outputted by Pre-Processor 612) may be 

computationally less expensive as the encoding engine of Adaptive Rate Encoder 614 may 
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and the result of such evaluation may be used as the fitness metric or to simplify calculation 

of the fitness metric.

[00108] However, comparing the encoded frames with the pre-processed frames may 

possibly result in loss of comparative accuracy. In particular, pre-processing performed by 

Pre-Processor 612 may itself reduce the output frame quality, aside from any reduction in 

quality caused by encoding. The reduction in output frame quality during pre-processing may 

arise from loss of data when a video image is scaled down. For example, scaling a 1080p 

frame to 720p results in loss of data; when the 720p frame is scaled back to its original size, 

the lost data must be estimated (interpolated) and frame quality may be reduced. In some 

embodiment, comparing encoded frames with pre-processed frames would not account for 
such reduction in quality caused by pre-processing.

[00109] In an embodiment, Frame Comparator 640 may compare frames continually, e.g., 

every frame. In other embodiments, Frame Comparator 640 may compare frames 

periodically, e.g., every N-th frame, where N is a pre-determined parameter.

[00110] Encoding Controller 630 determines encoding parameters, including encoder and 

pre-processing parameters to be used by Pre-Processor 612 and Adaptive Rate Encoder 

614, respectively, based at least in part on the current fitness metric provided by Frame 

Comparator 640 and the maximum bit rate (e.g., predicted bandwidth available) provided by 
Connection Controller 620.

[00111] Based on the maximum bit rate and the current fitness metric, Encoding 

Controller 630 may adjust the encoding parameters until the fitness metric provided by 

Frame Comparator 640 meets or exceeds a pre-defined minimum value. So, Encoding 

Controller 630 and Frame Comparator 640 may cooperate to adjust parameters iteratively 

until the fitness metric meets or exceeds the minimum value. In this way, the system 

optimizes visual quality of the encoded video for a given bit rate..

[00112] The minimum values used by Encoding Controller 630 may be defined with 

reference to a perceptual model. The model may be based on, for example, factors such as
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the complexity of the video being encoded, e.g., whether or not the video contains fast 

motion, given that bit-rate required to encode video typically increases with the complexity of 

that video. For example, video containing only slow moving features (e.g., still shots, 

landscapes) requires a significantly lower bit-rate to encode than a comparable video (same 

length, resolution) with significant fast motion (e.g. sports).

[00113] In one embodiment, the Encoding Controller 630 may be configured to adjust 
encoding parameters based on a measurement of complexity level of the video stream, 

concurrently with or independent of the fitness metric evaluation by the Frame Comparator 

640. The video stream may contain a plurality of video frames. The complexity level of the 

video stream may therefore depend on a complexity level associated with said plurality of 

video frames, such as adjacent or consecutive video frames. The frames under 
consideration may be the input frames from a video capturing device.

[00114] A measure of the complexity of the video may be determined and represented by 

an indicator. The indicator may be, in one example, user provided (e.g., when the video is 

known to be a live sports broadcast). For instance, the indicator may be a flag or a pre

determined value associated with the video stream that has been set to indicate that the 

video stream is a live sports broadcast.

[00115] In one embodiment, the complexity of the video may also be automatically 

determined, e.g., using conventional complexity estimation methods and techniques such as 

motion estimation methods and techniques.

[00116] In another embodiment, the complexity level of the video stream may be 

determined based on an analysis of the input frames of the video stream. For instance, the 

complexity analysis may be based on a motion estimation technique.

[00117] For example, a complexity analysis (e.g. via an implementation of motion 

estimation technique) of a number of video frames may determine that the frames involve 

high-motion between consecutive frames. In some embodiment, the high-motion (e.g. 

frequent and/or fast movement of pixels) may be introduced by camera motion; in other
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8 embodiments, the high-motion detected in frames may be attributed to moving objects in a 

captured video stream (e.g. sports event). Once a certain level (e.g. high, low, or medium) of 

motion is detected in the video frames, the complexity level may be then assigned an 
indicator accordingly. If this complexity level is high, it may lead to a higher minimum value 

that the fitness metric needs to meet. In addition, the Encoding Controller 630 may 

determine that the encoding parameters need to be adjusted based in part on the determined 

complexity level of the video stream, aside from the fitness metric.

[00118] In the case of a high complexity level of the video stream, or at least of a number 
of input frames in the video stream, the Encoding Controller 630 may determine that a higher 

quality of video, e.g. a higher number of frame rate, is needed in order to deliver a 

satisfactory experience of video streaming to end users. The adjustment of frame rate 

and/or frame size may occur as part of, or in addition to, the adjustment of encoding bit rate. 

For example, if the available maximum bit rate is low, there may not be much room for 

substantial increase of the encoding bit rate, but to compensate, the frame rate may be 

increased and the frame size may be decreased.

[00119] In the case of a low complexity level of the video stream (e.g. still images or near 

still images shown in consecutive frames), the Encoding Controller 630 may, in response to a 

decrease in available maximum bit rate, decrease the encoding bit rate, reduce the frame 

rate, increase the frame size, or any combinations thereof, to maintain perceived video 
quality.

[00120] In some embodiment, the motion estimation technique or analysis may be applied 

to pre-processed video frames such as scaled video frames.

[00121] As noted, Encoder Controller 630 may adjust pre-processing parameters. 

Adjustable pre-processing parameters may include temporal parameters, such as, for 

example, the frame rate. So, for example, frame rate may be decreased as available bit rate 

decreases, and increased as available bit rate increases. Adjustable pre-processing 

parameters may also include spatial parameters, such as, for example, frame size. So, for 

example, frame size may be decreased (by scaling down) as available bit rate decreases,
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8 and increased as available bit rate increases. Other adjustable pre-processing parameters 

include, for example, level of noise filtering, whether the video is interlaced or deinterlaced.

[00122] Encoder Controller 630 may also adjust encoder parameters, such as an encoder 

quality parameter (QP), encoding bit-rate of the Adaptive Rate Encoder 614, etc.

[00123] Pre-processing parameters and encoder parameters may collectively be referred 

to as encoding parameters.

[00124] Of course, the above noted encoding parameters are examples only, and other 

parameters apparent to those of ordinary skill in the art may also be adjusted by Encoder 
Controller 630.

[00125] The operation of the system of FIG. 8 is further described with reference to the 

following example. In this example, in response to a decreasing bit rate, the Encoding 

Controller 630 elects to decrease the encoding bit rate. However, the resulting encoded 

frames may fail the fitness test based on the fitness metric determined at the Frame 

Comparator 240. Encoding Controller 630 then decreases the frame size from 1080p to 

720p. The rescaled frames are slightly softer (due to a loss of detail from the reduction in 
resolution) but allow an increase in encoding bit rate (per pixel) and result in an encoded 

frame having better visual quality than the failed frame, as would be perceived by a user.

[00126] If after the initial adjustment of encoding parameters the fitness test still fails, 
Encoding Controller 630 makes further adjustments to the encoder and pre-processing 

parameters, continuing to adapt the encoding to meet the operational requirements. If after 

comparison, the new frames pass the fitness test, then the tested encoding parameters are 

selected and normal processing of the encoded frame continues, e.g., the encoded frame 

may be sent to connection controller 620.

[00127] In one embodiment, further adjustments may include an “audio-only" mode if 

necessary. For example, if after some or all of the techniques described above have been 

applied, the fitness metric test still fails, a determination may be made not to transmit the 

video frame. This may be done repeatedly, reducing the frame rate such that only audio 

data is transmitted.
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8 [00128] In some embodiments, failed frames may nonetheless be transmitted, e.g., when 

there is a demand for low latency. In other embodiments, some (or all) of the failed frames 

may be discarded, and Encoding Controller 630 may re-encode some (or all) of the failed 

frames with the selected encoding parameters if latency requirements allow for it.

[00129] As noted, Frame Comparator 640 may compare the encoded frame with the 

source frame before pre-processing and any scaling, or may compare the encoded frame 

with the source frame after pre-processing and scaling down. As will be appreciated, the 

latter approach reduces computational load, as the scaled down frame is smaller and thus 

there is less data to compare, but this may provide a less accurate comparison as it does not 
account for any reduction in frame quality that may be introduced by Pre-Processor 612.

[00130] In some embodiments, Frame Comparator 640 may compare portions of the 

output frame (re-scaled to the original size) to the source frame (before pre-processing and 

any scaling). This approach also reduces computational load at the expense of comparison 

accuracy.

[00131] In some embodiments, Frame Comparator 640 may compare frames only when 

particular pre-defined conditions occur or are satisfied, e.g., when change in predicted 

available bandwidth decreases beyond a pre-defined amount. Thus, the comparison is used 

to confirm that the system is transmitting video data at an acceptable quality after available 

bandwidth has dropped.

[00132] In some embodiments, the comparison process of Frame Comparator 640 may 

be off-loaded to an interconnected computing device (e.g., a server). The interconnected 

computing device may be a remote device interconnected by way of a network. Similarly, the 

comparison process may also be off-loaded to a cloud-based service. This reduces the local 

computational burden, but requires additional bandwidth and may increase processing delay 

(e.g., associated with transmitting data to a remote server or the cloud for comparison and 
receiving the comparison result).
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facilitates implementation of the present systems and methods on devices with lower 

computational resources, e.g., smart phones, tablet computers, laptop computers, or the like.

[00134] In some embodiments Frame Comparator 640 may utilize any combination of the 

above-described comparison methods and may dynamically select an appropriate method 

depending on available computational resources and/or bandwidth.

[00135] In an aspect, systems and methods disclosed herein allow encoding to be 
performed while taking into account feedback regarding encoded video quality. Such 

feedback may generated automatically, based on an objective analysis of a visual quality of 

the encoded video stream, e.g., by calculating a fitness metric as described above. In the 

depicted embodiments, an objective analysis is performed by comparing encoded video 

images with reference images (e.g., the images prior to encoding and in some cases prior to 

pre-processing). However, in other embodiments, an objective analysis may be performed 

without comparing encoded video images with any reference images. Instead, the objective 

analysis may be performed by analyzing the encoded video to obtain metrics of video quality 

such as, for example, metrics reflective of a degree of discernable macroblocking in the 

images, a degree of sharpness in the images, a degree of detail in the images, or the like.

[00136] Other forms of objective analyses of visual quality may also be used. Of course, 

different forms of objective analyses may also be combined, and feedback from multiple 

forms of objective analyses may be used in combination to control encoding. Compared to 
systems and methods that perform encoding without taking into account feedback regarding 

encoded video quality, visual quality of the encoded video may be improved.

[00137] In another aspect, feedback regarding encoded video quality may be used to 

determine minimum transmission bit rates that may be used while meeting a required quality 

of the encoded video. For example, bit rates may be progressively decreased until the quality 

of the video, e.g., as measured using a fitness metric, falls below a pre-defined threshold. 

Conveniently, determining minimum acceptable transmission bit rates may allow costs 

associated with network usage to be reduced. For instance, service providers for cellular 

networks may charge for usage by the megabyte (MB), and audio/video streams generate a
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8 large amount of data. So, any reduction in total transmitted data may significantly reduce 

network usage costs.

[00138] In a further aspect, feedback regarding encoded video quality may be used to 

improve resource sharing in circumstances where multiple transmitters at a single location 
must share a set of connected networks in order for each to transmit their own audio/video 

stream to their respective home network. For example, each transmitter may transmit 

audio/video at minimally acceptable transmission bit rates that provide a required level of 
visual quality. The required level of visual quality may vary from transmitter to transmitter.

[00139] In a yet further aspect, feedback regarding encoded video quality may be used to 

determine optimal encoding parameters given a set of operator-specified transmission and 

video quality parameters. For example, an operator may specify that the best and most 

stable image quality possible is desired, for no more than 8 second glass to-glass latency 
and better than standard definition visual quality. An audio/visual stream meeting these 

requirements may be automatically delivered without further operator configuration or 

intervention.

[00140] Embodiments are described herein with reference to feedback regarding encoded 

video quality. However, other forms of feedback regarding other aspects of an encoded data 

stream (e.g., audio quality) may also be generated, and provided to an encoder to 

automatically adjust encoding parameters.

[00141] In the preceding description, for purposes of explanation, numerous details are 

set forth in order to provide a thorough understanding of the embodiments. However, it will 

be apparent to one skilled in the art that these specific details may not be required in cell 

embodiments. In other instances, well-known electrical structures and circuits are shown in 

block diagram form in order not to obscure aspects of the embodiments. For example, 

specific details are not provided as to whether the embodiments described herein are 

implemented as a software routine, hardware circuit, firmware, or a combination thereof.

[00142] Embodiments of the disclosure can be represented as a computer program 

product stored in a machine-readable medium (also referred to as a computer-readable
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readable program code embodied therein). The machine-readable medium can be any 

suitable tangible, non-transitory medium, including magnetic, optical, or electrical storage 
medium including a diskette, compact disk read only memory (CD-ROM), memory device 

(volatile or non-volatile), or similar storage mechanism. The machine-readable medium can 

contain various sets of instructions, code sequences, configuration information, or other data, 

which, when executed, cause a processor to perform steps in a method according to an 

embodiment of the disclosure. Those of ordinary skill in the art will appreciate that other 

instructions and operations necessary to implement the described implementations can also 

be stored on the machine-readable medium. The instructions stored on the machine- 

readable medium can be executed by a processor or other suitable processing device, and 

can interface with circuitry to perform the described tasks.

[00143] The above-described embodiments are intended to be examples only. 

Alterations, modifications and variations can be effected to the particular embodiments by 

those of skill in the art without departing from the scope of this disclosure, which is defined 

solely by the claims appended hereto.
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8 WHAT IS CLAIMED IS:

1. A system for transmission of a video stream across a plurality of connected networks, 

each network having a corresponding available bandwidth, the system comprising:

a connection controller circuit controlling a plurality of interfaces for transmitting the 

video stream over the plurality of connected networks, each interface corresponding 

to a specific network of the plurality of connected networks;

an encoder circuit adapted to generate individual video streams comprising a plurality 
of encoded frames, encoded according to at least one encoding parameter, each 

individual video stream transmitted to a corresponding interface of the plurality of 
interfaces for transmission across a corresponding network at an estimated maximum 

bit rate derived based on a predicted available bandwidth available across all of the 

plurality of connected networks;

a comparator circuit in communication with the encoder circuit, the comparator 

adapted to compare encoded frames of the plurality of encoded frames with input 

frames to determine a fitness metric reflective of visual quality of the encoded frames 

upon detecting a change in the predicted available bandwidth determined from 
feedback data obtained by the connection controller circuit corresponding to each 

network and

an encoding controller circuit in cooperation with the comparator, the encoding 
controller circuit configured to:

receive data corresponding to the available bandwidth for each network of the 

plurality of connected networks, and

control the encoder circuit to adjust the at least one encoding parameter for 

each of the individual video streams based on the available bandwidth of the 

corresponding network and the fitness metric the encoder circuit and the comparator 

cooperating to iteratively adjust the at least one encoding parameter until the fitness
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8 metric meets or exceeds a pre-defined minimum value to optimize visual quality of the 

video stream for a bit rate determined based at least on the available bandwidth of 
the corresponding network of the plurality of networks.

2. The system of claim 1, wherein the input frames are provided to the comparator 

circuit from a video capture device.

3. The system of claim 1 or 2, further comprising a pre-processor that processes frames 

prior to encoding, and wherein the input frames are provided to the comparator circuit from 

the pre-processor.

4. The system of claim 3, wherein the input frames are scaled versions of frames 

captured by a video capture device.

5. The system of any one of the preceding claims, further comprising a transmitter 

adapted to transmit encoded frames over a network.

6. The system of any one of the preceding claims, wherein the comparator circuit 

applies at least one of Structural Simularity (SSIM), Peak Signal to Noise Ratio (PSNR), 

Mean Squared Error (MSE), and Multi-Scale SSIM (MS-SSIM) to determine the fitness 

metric.

7. The system of any one of the preceding claims, wherein the encoding controller 

circuit is adapted to adjust the at least one encoding parameter based on a complexity level 

of the video stream.

8. The system of claim 7, wherein the complexity level of the video stream is determined 

based on motion estimation analysis of the input frames of the video stream.

9. The system of claim 7 or 8, wherein the complexity level is based on an indicator 

identifying a type of broadcast being encoded to generate the video stream.

10. The system of claim 7, 8 or 9, wherein when the video stream has a high complexity 

level, adjusting the at least one encoding parameter comprises: increasing a frame rate, and 

decreasing a frame size to accommodate the available bandwidth.
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8 11. The system of any one of the preceding claims, wherein the encoding controller 

circuit is configured for adjusting the fitness metric based on a complexity level of the video 
stream.

12. The system of any one of the preceding claims, wherein the input frames compared 

by the comparator circuit to determine the fitness metric are pre-processed and scaled down 

input frames.

13. The system of any one of the preceding claims, wherein, the encoded frames 

compared by the comparator circuit to determine the fitness metric are encoded frames re

scaled to an original size of the input frames.

14. A method for transmitting a video stream across a plurality of connected networks, 

each network having a corresponding available bandwidth, the method comprising:

controlling a plurality of interfaces for transmitting the video stream over the plurality 

of connected networks, each interface corresponding to a specific network of the 

plurality of connected networks;

generating individual video streams each comprising a plurality of the encoded 

frames;

encoding the frames of the video stream according to at least one encoding 

parameter for each of network of the plurality of connected networks for transmission 

across a corresponding network at an estimated maximum bit rate derived based on 

a predicted available bandwidth available across all of the plurality of connected 

networks;

comparing the encoded frame with an input frame to determine a fitness metric 
reflective of visual quality of the encoded frame upon detecting a change in the 

predicted available bandwidth determined from feedback data obtained by the 

connection controller circuit corresponding to each network;

36



20
15

29
67

46
 

02
 N

ov
 2

01
8 receiving data corresponding to the available bandwidth for each network of the 

plurality of connected networks over which the video stream is transmitted; and 

controlling an encoder to adjust the at least one encoding parameter for each of the 

individual video streams based on the available bandwidth of the corresponding 

network and the fitness metric, the encoder cooperating with a comparator to 

iteratively adjust the at least one encoding parameter until the fitness metric meets or 

exceeds a pre-defined minimum value to optimize visual quality of the video stream 

for a bit rate determined based at least on the available bandwidth of the 

corresponding network of the plurality of networks.

15. The method of claim 14, further comprising:

encoding a further frame of the video stream according to the adjusted at least one 

encoding parameter.

16. The method of claim 14 or 15, further comprising:

pre-processing the input frame, the pre-processing comprising scaling the input 

frame.

17. The method of claim 14, 15 or 16, wherein the fitness metric is determined based on 

at least one of Structural Simularity (SSIM), Peak Signal to Noise Ratio (PSNR), Mean 

Squared Error (MSE), and Multi-Scale SSIM (MS-SSIM).

18. The method of any one of claims 14 to 17, further comprising adjusting the at least 

one encoding parameter based on a correlated parameter.

19. The method of claim 18, wherein the correlated parameter is a packet loss rate.

20. The method of any one of claims 14 to 19, further comprising adjusting the at least 

one encoding parameter based on a maximum bit rate.

21. The method of any one of claims 14 to 20, further comprising adjusting the at least 

one encoding parameter based on a complexity level of the video stream.
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8 22. The method of claim 21, wherein the complexity level of the video stream is 

determined based on motion estimation analysis of the input frames of the video stream.
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