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2.2 Interfaces
2.2.1 Interfaces at the Source Area

2.2.1.1 Ambulance Emergency Network

In the Ambulance Emergency Network all the acquulath are collected at the Proxy Server. A LocaaANetwork
(LAN) is established at the ambulance. This netwrank be exclusively wired or it can also have weisslparts.

In particular the cameras deployed to record anthiigleos are connected through coaxial cablesedMP box. The
IMP box can then send digital videos to the Progw8r using the LAN through an Ethernet cable oough a Wi-Fi
access point. For the medical data, instead, tha@solund machine is connected with a VGA cablé¢oTtVONE box;
then a coaxial cable connects this box to the VITHBR which is connected in its turn to the ProxyvBe with an

Ethernet cable.
The Proxy Server is then relied to a router wittoagle LTE and can then access a commercial 4Gonletw transmit

to the hospital.
A VPN is established between the ambulance andhtispital across the LTE network and it is usedtoth data

transmissions, realized using RTP protocol, andcfass-layer signalling transmissions, realizedugh the DDE
system (using the interfaces described in sectidr32).

2.2.1.2 Body Area Network

In the Body Area Network the deployed sensors tritnghe acquired data to the smartphone, which astshe
aggregation point of the network, through Bluetootihe customized smartphone has several interfaodscan
transmit the data to the hospital through its Wirkérface or the 3G interface, according to thailable networks.

In addition the smartphone has a DDE client impleteg and exchange cross-layer signalling informmatiwough the
DDE system and the NIS. More details are provid@d32

2.2.2 Interfaces at the Hospital side

2.2.2.1 Coordination Centre
The full demonstrator is shown in Figure 14. Thdldig blocks and media flows at the Coordinatioan@e are
highlighted with the blue ellipse on the right sifethe figure.
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Figure 14: Building blocks and interfaces at cooation centre
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The building blocks and the respective interfadgbh@coordination centre are further detailedigufe 15.
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Figure 15: Building blocks and interfaces at cooadiion centre

Input media streams are received from the Sourea @re., the Ambulance Emergency Network) as RREP/

streams. The input media streams can be eitheremtniideo feeds or ultrasound medical video stredrhe video

streams (both, ambient and ultrasound) are coded tlsee H.264/AVC format. In order to allow multgplsages of the
video streams and avoid multiple transmissionhefdgame stream, RTSP/RTP relays are used at thesige of the

Media Server.

All live input streams are mixed to achieve a bt output stream. The stitched output video isqred as an
RTSP/RTP stream to the clients. The video is cosga@ in the H.264/AVC or the HEVC format. The RT&iEnt
receives the compound RTSP/RTP stream. One ofitle® streams can be interactively selected at lihatcin this
case, the selected video stream is received apthgé] in addition to the stitched stream.

Further, all input video streams are stored inNti&1/SAF format. The single streams can be retridk@u the storage
either as RTSP/RTP or MPEG-DASH stream. The videaent is compressed in the H.264/AVC format. Nt
interactive stream selection is not possible forext content.

As stated above, two codecs are employed in thedstmator, H.264/AVC and HEVC.

The configuration interface for H.264/AVC encodisdsimplified):
e
# Encoder Control

FrameW dt h
Fr ameHei ght

672 # Image width in Pels, nmust be nmultiple of 16
512 # Image height in Pels, nust be nultiple of 16

Ref er enceFr anes
Ent r opyCodi ng
Rat eCont r ol Model
TargetBitRate

# Nunmber of previous frames used for inter notion search (1-5)
0 # CAVLC/ CABAC (0=CAVLC, 1=CABAC)

# Rate control (0=disable, 1l=enable)
1280000 # Target bit rate

InitQP 28 # Initial quantitative paraneter
Sour ceFr aneRat e 10 # Source frane rate
Tar get Fr aneRat e 10 # Target frane rate

Tar get NALUSI ze 4000 # Target size of NAL units

g g g g g
HHHHHH AR

# Encoder Control

HHHHBHBHBHBHBHBHBHBH BB A A A R R R R R R A A A A A A R R R R R

FrameSi ze 720p

Packet Type 1 # Raw AnnexB/ RTP (0=Raw, 1=AnnexB, 2=RTP)

RTPPacket Aggr egati on 0 # RTP Packet Aggregation (0=Disable, 1=SingleTi neAggr, 2=Muilti Ti meAggr)
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MaxRTPPacket Si ze = 1420 # Max size of a whole RTP packet, only valid when RTP is enabl ed
Tar get NALUSI ze = 80000 # Target size of NAL units

g g g g g
e e L L L L R L L R L R TR e

# Advanced Encoder Control
BHHHHHHHHHHHHHHHHHHHHH

Log2MaxCUSi ze 6 # Log2 of maxi mum coding unit size in pixel

MaxPar t Dept h 2 # Maxi mum coding unit depth ( >=0, Log2MaxCUSi ze- MaxPartDepth >= 3 )
TULog2MaxSi ze 5 # Log2 of maxi numtransform size for quadtree-based TU coding (2...5)
TULog2M nSi ze 2 # Log2 of mnimumtransformsize (nmust be < Log2MaxCUSi ze - MaxPart Dept h)
InitQP 32 # Initial quantitative parameter (0 .. 51)

Del t aQPChr orma 0 # value added to InitQP for Chroma quantization

HAHHRHH R H R R R R R R R R R R R R R R R R R R R R R R R R R R R R R R R R
# Encoder Rate Control

g g g g
R L L L L R L R L AR e

Tar get Fr aneRat e =25 # Target frame rate

Rat eCont r ol =1 # Rate control (0=disable, 1l=enable)

Bi t Rat eMax = 500000 # upper bit rate boundary, [Kbps]

Bi t Rat eQPmi n = 10 # M ninmum QP (may override | ower boundary)

2.2.2.2 Real-time quality meter

The real time quality meter is connected with thedra server at the Coordination Centre and receisasputs 2D/3D
video (multimedia traffic), information on applidat type and categorical scale (configuration) dmder layers
feedback through cross-layer signaling. The outpumsthe user opinion scores that can be locatlsedtor used to
produce events for the DDE in order to adapt thesmission.

2.2.2.3 Interfaces for 3D medical data storage and encoding

For 3D medical data storage and encoding a webdhaser interface and a database interface for 3faaledata files
have been implemented at the Coordination Centgi(& 16).

2D Data Files 3D Rendering

2D Previews
Set Rendering
30 Rendering
Set Encoding
JPEG 2000
Lossless Video
Statistics

Logout

Figure 16: Web interface of the 3D medical dataagje and encoding
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2.2.3 Cross-layer signalling interfaces

The demonstrator includes three components fovel@tig and retrieving cross-layer information, ngni@DE for the

event dissemination, the network information sex\(blIS) for the retrieval of information about netks and base
stations/access points, commonly referred to Rafiftttachments (PoAs), and a special, socket-bageddesigned
for controlling network layer mobility executionaged on application layer decisions.

2.2.3.1 NIS interface

NIS runs a TCP server for information queries st the IPv6 protocol. The inquirer sends its enriocation in the
message and NIS discovers the available netwoik$aAs nearby the mobile device.

The query message format i841S_LOCATION(latitude,longitude)

NIS returns information encoded in JSON and thesangs structure is given in Table 2. The networksR®mAS inside
the “DWithin” attribute relate to PoAs that do ncover mobile device's current location but are lie tvicinity.
Information inside the “Within” attribute lists theetworks and PoAs that cover mobile device’s curiecation.

Table 2: NIS information message format

{
"DWithin":{
"[cell_id]":{

"cost":"[value]:[currency]:[time unit]",
"channel":"[channel number]",
"poa_location":"WGS84([lat] [lon])",
"cell_id":"[cell id]",
"distance_to_bs":"[distance in meters]",
"mac_address":"[MAC address]",
"network_name":"[network name]",
"frequency_band":"[band]",
"ip_address":"[IP address]",
"ssid":"[SSID in case of WLAN]",

"poa_area_sqm":"[PoA coverage in mz]",

"access_technology":"[access technology name]"
}
5
"Within":{
"[cell_id]":{
"cost":"[value]:[currency]:[time unit]",
"channel":"[channel number]",
"poa_location":"WGS84([lat] [lon])",
"cell_id":"[cell id]",
"distance_to_bs":"[distance in meters]",
"mac_address":"[MAC address]",
"network_name":"[network name]",
"frequency_band":"[band]",
"ip_address":"[IP address]",
"ssid":"[SSID in case of WLAN]",

"poa_area_sqm":"[PoA coverage in mz]",

"access_technology":"[access technology name]"

2.2.3.2 DDE interface

DDE is based on a publish-subscribe type of evefivaly. The event exchange happens over the Ta@rspiort
protocol. The messages are encoded in External Raefesentation (XDR) [7]. Message structures fifferent
messages are listed in Table 3.

Conév))e)rto
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Table 3: DDE message structures

Event: [message type][producer ID][event ID][Event type][Time-to-live][payload length][payload][digit. signature]
Registration: [message type][producer ID][producer ID][event IF][event name]
Subscription: [message typel[consumer ID][cons. name][cons. addr.][event ID][type filter][producer filter][digit.

sign.]

2.2.3.3 Cross-layer mobility management interface

The decision performed by the AHP algorithm triggélow mobility events in the network layer. Theoss-layer
triggering itself is achieved by the TCP socketdaa8Pl of MIP6D-NG. Using this API the decision nubelis able to
control MIP6D-NG modules. From the mobility managarpoint of view, Flow Register and Flow Updatel AP
commands are to be introduced: these APl messagks tihhe decision scheme able to register applitdlmovs using
their five-tuple IDs, bind them to interfaces (i.® Wi-Fi or 3G/4G), and also to adaptively modifiese bonds in case
of need, meaning the movement of flows betweenahlai network interfaces. The APl messages forfirened (i.e.,
flow level) cross-layer mobility management areadticed by Figure 17 and Figure 18.

Module Name Command | Seq. No. Source Address Sl';:;lc: S(;t;::e
(20 byte) (2 byte) (1 byte) (16 byte) (1 byte) (2 byte)
Destination Address Des::. Destt. Protocol BID Key
(16 byte) (fr;yi’;) (2pt?;te) (4 byte) (2 byte) (16 byte)

Figure 17: Flow Register APl command

Module Name Command Seq. No. BID Flow ID
(20 byte) (2 byte) (1 byte) (2 byte) (4 byte)

Figure 18: Flow Update APl command

The Flow Register command starts with a module nahee MIP6D-NG module responsible for flow mobility be
called by the API is defined here. Important fielofsthis APl command are the destination and soambdresses,
prefixes and ports and the higher layer protoc@KTUDP, etc.), which together define the flow\sefituple ID. The
Binding Unique Identifier (BID) is for selectingehinterface (Wi-Fi, 3G, 4G, etc.) for the flow bindg procedure. In
this way we can bind an application flow to a seddmetwork interface.

The Flow Update command simply updates a defingdicgtion flow by defining a unique, inner flow idification
number (Flow ID) and the BID.
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2.3 Functionalities

In this section the most significant and innovatifumctionalities of the CONCERTO multimedia platiorare
described. These functionalities have been studietvalidated analytically and/or through dedicagadulations in
the scope of the CONCERTO technical work packa@éR2 to WP5) before to be implemented in the dennatwst

2.3.1 Network information service

NIS provides the intelligent mobile device inforimat about networks and PoAs in range and nearbycthmeent

location of the device. This is illustrated in Figul9. NIS is located in order that the mobile dewian reach it over
the network connection it is using. In practices tHIS server can reside, for example, in mobilevogt operator’s

core network used by the mobile device. In thiechBS provides information about the networks Boés the mobile
operator operates and the networks the operataiohasing agreements with.

Location

Networks in range
and nearby

Figure 19: NIS in the demonstrator

In the demonstrator, the information about fourwmeks and PoAs will be pre-stored in the NIS seryeraddition,

because it is not possible to determine the coeeaagas of the PoAs with signal strength measuresmite coverage
area polygons are randomly generated accordingetd®dA range and PoA location given. The infornmagtored in

the NIS server is composed of information giverTable 4. NIS is validated in the integrated dematisin scenario
and is used by the intelligent mobile device of Bualy Area Network.

Table 4: NIS parameterisation

Net wor ks:
Net wor k1

networ k_name: concerto_w an

PoA1:
access_technol ogy: | EEE802 11n
SSID: concertol
channel : 10
frequency_band: 2_4GH#
cost: 0: EUR DAY
poa_l ocation: 43.077878, 12. 354725
mac_address: 00: 11: 22: 33:44:55
i p_address:
cell id: 00:11:22:33:44:55
range: 30

PoA2:
access_technol ogy: | EEE802 11g
SSI D: concerto?2
channel : 6
frequency_band: 2 4G
cost: 0: EUR DAY
poa_l ocation: 43.077856, 12. 354819
mac_address: 00:12: 23: 34: 45: 56

))
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PoA2:

Net wor k2:

i p_address:

cell id: 00:12:23:34:45:56

range: 40
net wor k_nane: commrercial _cel |l ul ar_network
PoA1:

access_t echnol ogy: UMIS_HSPA
channel : 10

frequency_band: 1 8GHz

cost: 0.2: EUR MB

poa_l ocation: 43.079078, 12. 354622
mac_address: 00:21:32:43:54:75

i p_address:

cell _id: HSPA 1234

range: 1600

access_t echnol ogy: LTE

channel : 10

frequency_band: 1 9GHz

cost: 0.3:EUR MB

poa_l ocation: 43.078678,12. 356375
mac_address: 00:21:32:43:54:75

i p_address:

cell id: LTE 1234

range: 1000

2.3.2

Distributed Decision Engine

DDE EventCache is deployed in the coordination reeand in the WLAN access network. Moreover DDErt$ are
implemented in the ambulance, at the smartphorteeoBAN and at the doctor's mobile device, andhe hospital.
DDE provides flexible event-based information diestion between different network nodes and layegardless of

their location in the network. In the demonstratbe events listed in Table 5 are used.
DDE is validated in the integrated demonstratiothulie CC and intelligent terminal.

Table 5: DDE events and their respective DDE Evaob@ in the demonstrator

DDE Event Name | Event ID | Producer DDI.E. Consumer Optimization
position
ccC Camera selection
_ o Send_er | Rate adaptation algorithm
Final user| 5o Receiving ce Terminal (Master Application
preference list Terminal (multimedia Controller)
source)
Aggreganon Prioritization of video
unit on
flows
ambulance
LTE eNodeB LTE scheduling and RRA
?gprﬂﬁ:al Rate adaptation algorithm
X ) . (Master Application
Tawetsowcerat4l cc cc (multimedia Controller)
list source)
ﬁ\r?i?regatlor:m Multi-video rate adaptation
ambulance and aggregation
WLAN AP | 10 WLAN probe WLAN Sender Rate adaptatiolyasithm

contto
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arameter lis networ erminal aster ication
p ter list twork T I Mast Applicat
(multimedia Controller)
source)

Mobility management o
mobile device

ﬁr?i?regatlorlm Multi-video rate adaptation
and aggregation
ambulance

2.3.3 WLAN probe

The WLAN probe is deployed in the WLAN network betdemonstrator. The probe collects statistics fitoe\WLAN

access points (two in the demonstrator) and pravitdhés information to the mobile device, capable nadking

intelligent handovers, over DDE. The WLAN probev@didated in the context of intelligent mobility the integrated
demonstration.

() WLAN Network
1"

Parameter
Retrieval
RS
()

Parameters DDE
Events

\'

Figure 20: WLAN probe in the WLAN network

The WLAN probe collects the following parametesnfrthe access points:

- IfinOctets: Transmitted bytes in the uplink

- IfinDiscards: Number of discarded packets (e.g.tdugueue overflow) in the uplink

- iflnErrors: Number of erroneously received pachkette uplink

- IfOutOctets: Transmitted bytes in the downlink

- IfOutDiscards: Number of discarded packets (e.g. tduqueue overflow) in the downlink
- IfOutErrors: Number of erroneously received packethe downlink

- iflnUcastPkts: Number of unicast packets in thenkpl

- iflInNUcastPkts: Number of non-unicast packets m diplink

- ifOutUcastPkts: Number of unicast packets in themmlnk

- ifOutNUcastPkts: Number of non-unicast packethadownlink

The payload of a DDE event generated by the WLAdbpris encoded as follows:
“[wireless_interface_speed]:[number_of_active_clignin_access_point]:[uplink_bytes_transmitted]:[ug_num_dis
carded_pkts]:[uplink_num_error_pkts]:[uplink_packetrror_rate]:[downlink_bytes transmitted]:[downlinkhum_dis

card_pkts]:[downlink_num_error_pkts]:[downlink_paek error_rate]

The parameters are aggregated values from alleactbers. Each parameter is calculated from theoghdretween
sequential events. WLAN probe sends an event esgognd.
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2.3.4 Real-time quality evaluation

Thanks to the developed real-time quality meteg, @ONCERTO platform is capable to measure the 2D/R2o
quality perceived by users in real-time.

The quality meter is developed as an Android apfibe with a graphical interface, enabling to ea#duthe quality in a
categorical scale (1 to 5) using a slider. FiguresRows a snapshot of the developed Android App.

= @ TOW420PM

» Quality Meter Start Stop View List Settings @ Close

PlotModel

Bad Poor Fair Good Excellent

Figure 21 Graphical user interface of the real-tquality meter

The Opinion Scores (OS) from the users can be dstloreally or transmitted to a remote server. Inigold, status
messages can be generated (e.g., if the qualitigeofideo drops below MOS level 2, a FLAG can beegated) to
provide feedback to the DDE, which could take appate actions to improve the perceived qualitgtofamed video.
The results stored locally in a database can bbduanalysed (e.g., for the comparison of candidajective quality
measures).
The video application can be one of the following:

e LIVE 2D/3D video streaming (streaming from IP caasyr

e LIVE Internet streaming (RTP/UDP/RTSP streaming)

* VoD streaming over Internet

» Playback from a locally stored file

The use of the developed real-time quality metgiegtion is very important for the validation dfet CONCERTO

solution, since it enables subjective (and objegtiyuality evaluation over time for the proposed #me benchmark
solutions. The application has been initially vated independently from the rest of the platformrtifer tests have
been realised during EUCNC conference in June 4a01Bologna, where a significant part of the CONCERT
multimedia platform was deployed. Finally, it haseh used to collect opinions from medical doctansng) the

CONCERTO demonstrator validation session organiz&eptember 2014 at the hospital of Perugia.

2.3.5 Video encoding and decoding

For video encoding and decoding, H.264/AVC Baselprefie and HEVC Main profile are employed. The
implementations work compliant with the respectsjeecification. For the HEVC encoder, algorithms fow-
complexity encoding, hierarchical temporal predictiand rate control are developed and implementigdinathe
demonstrator development, see Annex 1, Annex 2 Aaimex 3, respectively.

2.3.6  Video adaptation and selection

The acquisition and transmission of the videos fememote point (i.e., the ambulance) to the coatibn centre of
the hospital is not realized statically, but caraldapted according to the channel conditions apd preferences. The
control of the compression rate and the selectioth® flows to send are realized by the applicationtroller. This
component bases its decision on the inputs recdiaed the network about the conditions of the raci@annel and
from the hospital on doctors' preferences. Thisrimftion is transmitted through the DDE. Full dgstwn of the

Condo
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application controller behaviour and on the différedaptation strategies that can be applied aoided in
Deliverables D4.2 [11] and D4.3 [12].

In addition to video adaptation and selection penfed at the remote point (e.g. ambulance), adaptatan be
performed on the link between the coordination meand the mobile user (e.g., the doctor) when aymadaptive
streaming over HTTP is used. This is implemented tfe demonstrator in addition to RTP-based stiegimas
described earlier in this deliverable. HTTP-baseeasning is useful for the later usage such asyeg, reporting and
archiving. For the demonstrator, it is implemented near-real-time viewing using a generic MPEG-DASlient.
Adaptability is achieved by generating differentrsiens of the same content with different paranset@itrate,
resolution, ...) and a manifest file (MPD) whichsddbes the version available. The end-user ckerfivare (e.g. a
tablet used by the consulting expert/doctor atibgpital) then selects dynamically the versiorhefdontent according
to the link capacity between the coordination eatdatabase and the client device.

2.3.7 3D medical data storage and encoding

To deal with 3D medical data the following functidities have been implemented: viewer for 2D Meddata (1
slice), montage-viewer for set of 2D medical ddtee point of view volume renderer for 3D medicalkal transfer
function changeability for volume renderer, effitiedD medical data storage with JIPEG2000 and H2édovcoding,
3D RAW data encoder and decoder.

2.3.8 Cryptography

In CONCERTO use cases, medical and context vidgoesees, containing sensitive data, need to beritted. To
satisfy the requirements of the identified healtbcase cases, secure transmissions has then tadvanteed in
particular for medical video streams, but also dontext video streams. The developed algorithmeprtesl in D3.3
(Annex A) [16], proposes a selective encryptionesnh that allows secure transmission of video stseasuch as
H.264/AVC video streams - while keeping completenpatibility with the corresponding video standatknce, this
algorithm allows any standard-compliant decodatdcode the cyphered stream, albeit incorrectly filoenvisual point
of view. In the CONCERTO demonstrator the algorithas been implemented to guarantee cyphered coroatiams
from the Ambulance Emergency Network to the Hospita

2.3.9 Video protection

To ensure quality at the receiver side, we havegsed Application-Layer Forward Error CorrectionL{REC) to
protect streams against erasure through the trasemi(LTE, Wi-Fi...) thanks to the Proxy Servehieh can adapt the
overall bitrate by adding dynamically redundancyd ahanks to the Coordination Centre which can vecdoss
packets by using redundancy.

In the demonstrator, we have implemented at thexyP@erver deployed inside the ambulance, the Appbta
Controller functionality (see Section 2.3.6) whiatids redundancy at the application layer, by comguedundancy
packets with PL-FEC module (presented in D4.2 Hr&] in D4.3 [13]).

At the hospital side, the Coordination Centre willerpret redundancy packets to recover packetsdosng the
transmission with the PL-FEC codes and re-routeected video streams to the different devices.

2.3.10 Adaptive flow mobility management

Figure 22 presents the operation of our cross-lapéimized adaptive, client-based flow mobility rmgement scheme
incorporating the decision algorithm. The most im@ot input parameters are the actual measurensaf the static
information obtained during the network measuresménthe currently used networks, and the useepzetes.

The first step of the algorithm is checking theikde wireless access networks. The default iaterfis the 3G access,
therefore the system registers data flows to theérnd&face using cross-layer communication betwibenapplication
and the network layers. After this step and if éhisrat least one available Wi-Fi network, the dtgm starts the phase
of passive measurements of Wi-Fi networks. If tremeeno available WLANS, the algorithm holds then$ on the 3G
interface and waits for the appearance of new Waegess points. Otherwise, it starts the cross-lagasurements and
DDE-based network information collection, in whitlgathers the signal strength from link-layer, saaket loss, RTT
and jitter from network layer, WLAN access poinformation and other relevant data from the NISthE decision
engine does not find the parameters of the cumetwork suitable for the application flow's QoS fijeg the scheme
starts to evaluate the next available networkhédfineasured QoS values are appropriate, the MNectsto this Wi-Fi
network and moves the corresponding flows to theFiMnterface based on the flows QoS profiles. Afteat, the
application waits for a specific time to avoid fhieg-pong effect. (Note, that in situations whdre MN moves around
the border of wireless accesses, a series of uss&gehandovers may occur during a very short thueh creating the
so-called ping-pong effect.) Cross-layer commuimicamechanism allows us to trigger and execute fipdates in a
different layer of the stack which further incressige efficiency of our system. In each case wh#p@D-NG executes
a flow registration or update, it sends a Flow BigdUpdate (FBU) message to Home Agent, who seadk b Flow
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Binding Acknowledgement (FBA) message. The third #ast part of the Java layer application is thesse Data
Aggregator which produces streams of high definiti@eos and different body sensor data.

Source of Android RAN Discovery MIP6D-NG
data flows EventHandler Module HDEM MIEGD-NS Home Agent
Start two different types of flow
= Notification
Notification Send flow register
command
Register data flows
Loop FBU
Wi-Fi is
available Start passive Wi-Fi measurementsession FEA
true
Send network
parameters
Start RSSI measurement
session
Connect to the
strongest Wi-Fi
Start Layer3 measurement session
Parameters are Send result
suitable?
true Calculate results
Send flow
update command
Update flows
Wait for T random time FBU
false Send
"next element”
command FBA
false

Hold data flows on 3G

Figure 22: Cross-layer optimized flow mobility mgement scheme
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3 Proof-of-concept demonstration scenarios

3.1 Emergency demonstration scenario

3.1.1 Use cases included in the scenario

Requirements derived from two use cases are mappéus demonstration scenario, namely the “amhedaand
emergency area” and the “emergency area with nhelltipsualties” use cases.

This demonstration scenario considers the trangmiss image and video data from an emergency areehich an
ambulance is deployed to a remote hospital usii@ @ommercial network. Different types of imageéaddata have
to be transmitted from the ambulance to the holsipitarder to allow an accurate diagnosis to hakppersonnel on the
field and to speed up the acceptance process oacke d&t the hospital. Hence, multiple data flowsdée be
transmitted from the ambulance to the hospitak thcludes both environment videos (from camergdoged inside
and outside the ambulance) and medical videos (iteasound videos).

More details about the two use cases mapped is¢kisario can be found in Deliverable D2.1.

3.1.2 Demonstration storyline
The storyline of the demo in this scenario is illaged in Figure 23.
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Figure 23: Demo setup of emergency scenario

An ambulance is deployed in an emergency area ariacident occurred. The ambulance is equippel eatmeras
and a portable ultrasound device to acquire datthénemergency area and send them to the hospitafewthe
intervention is monitored. In case of need, theewiflow received from the emergency area at therdination Centre
can be sent in real time on the mobile device sgecialist that is walking inside the hospital.

In the emergency area, ambient video feeds areded@nd encoded by an H.264/AVC hardware IMP bbe. videos
are acquired by cameras both inside and outsidartttilance. From the DDE information provided by tietwork,
the Proxy Server will control the IMP box to addpé compression rate of the different encoded stseaith the total
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available bandwidth on the network. Moreover, thexi Server will transcode the videos in a singl&®flow
adapting the quality according to feedbacks reckbsethe hospital through DDE.

Similarly, ultrasound image data acquired through portable ultrasound machine is processed. Dtieetémportant
needs of quality of medical videos, the Ultrasoimdges are compressed at a fix bitrate. The Prexye® adds for
both ambient and medical videos Forward Error Giwa (FEC) codes and transmits the flows over @& bhetwork.

On the hospital side (i.e., in the coordinationteen all video streams are received, each at écdedl RTSP/RTP
interface, which serves as a relay. On the one ,h#edreceived streams are mixed in order to craamgle video
stream containing all information. This streamimwed on a dedicated client by a medical doctosingle stream of
the compound view can be interactively selectede Thlected view is streamed from the RTSP/RTP riglahe

coordination centre and displayed in full resolntin addition to the stitched stream.

In addition to the live viewing, all streams areamled in the MP4/SAF format. Again, all streams @ceived from
the RTSP/RTP relay. The recorded streams can bayespon a dedicated RTSP/RTP player or as an MBEGH
stream.

3.1.3 Validation methodology

To validate the CONCERTO solution in this demortgirascenario and to show its benefits, we will eufirst session
of transmission with disabling all CONCERTO optiatisn and adaptation, to establish a referencepianhits us to
estimate the gain obtained. Then we run the platfactivating CONCERTO optimization techniques. Btatements
on the performance are based on the evaluatidmeaquality of received video streams in the twasa3 he evaluation
is done in two different ways: firstly, the qualibf received videos is evaluated using objectivérice like PSNR,
MSE and VQM in order to measure the gains introdunge CONCERTO solution. Secondly, a subjective eatibn is
done by doctors on the quality of the received weddvideos following the methodology described igliizerable
D3.3. Doctor’s feedback is the most significantdation, since it allows to state if the qualitysisceptable to perform
a diagnosis and hence if the CONCERTO system carséeé in a real-life emergency scenario. All thdeais streams
at the emergency area (emission side) and at tlpithb side (receiver side) are recorded to perféatar the
computation of objective metrics, and validate tdgults of our solutions. This also allows to ra-the platform using
pre-recorded videos for transmission in order tengare the results on the same sequences with atimbui
CONCERTO optimization and adaptation.

Moreover, knowing the fact that the 4G link canhetequivalent through the different sessions, we aktimate the
instantaneous delay, jitter and Packet-Loss Rdt®)Ror each session. This allows on one side topare fairly the
results with and without CONCERTO solution activhtnd, on the other side, to validate the posgihit use the
CONCERTO system in real time through a commeraahork.

3.1.4 Field-trials realized and planned

We have successfully demonstrated our solutionréad-time acquisition of ambient video and ultraush with
validation from medical doctors in September 2044the Faculty of Medicine of University of Perugltaly. The
cypher solution is implemented on Android devicgarfisung Note) was demonstrated in Bologna at tlNEU2014
conference (June 2014, Bologna, Italy) as a patheffull CONCERTO demonstration. A preliminary sien of the
demonstration setup was tested and shown alreadaich 2014 at the Future Internet Assembly (FIALZ0in
Athens, Greece.

A complete demonstration of the emergency demadimtracenario, including a 4G transmission of t&ak medical
and ambient image/video content from an ambulam¢ket hospital, is planned for February 2015, agathe Hospital
of Perugia, i.e., the Faculty of Medicine of Unisi¢y of Perugia, Italy.
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3.2 Ubiquitous tele-consultation demonstration scenario

Recently, multi-access mobile devices interconmketéh different wearable vital sensors via BodyearNetwork
(BAN, also referred to as a Body Sensor NetworlB8MN) played an increasingly important role in hieedre and
provide significant solutions for home healthcammote patient monitoring and real-time tele-cotagiadn [8]. The
spreading of heterogeneous and overlapping wirebes®ss technologies make possible for mobile Hesaie
applications to use the available network resouetficiently and call into being the ubiquitousémet connection for
these applications. These facts motivated us tigesd implement a context-aware IPv6 flow mopititanagement
scheme for multi-sensor-based mobile patient manigoand tele-consultation. We designed and implegetta cross-
layer optimization platform and a flow-aware, clidtased mobility management mechanism for Andreisell
systems interconnected with different medical bedgsors and Smartphone CCD video cameras. Thisrdraton
scenario is focused on context-aware flow mobititgchanisms for multi-sensor mHealth services agdlights the
effectiveness of CONCERTO solution in the contextilbiquitous tele-consultation applications witlalime patient
monitoring support.

3.2.1 Use cases included in the scenario

The main use case is No. 4 (Ubiquitous tele-coasatt) where preliminary consultation with nursingme staff,
patients and other doctors may be carried out usamgl-held devices, which provide access to malti@terogeneous
wireless networks, regardless whether he/she @iambulance, office, airport, traffic jam, or atipdace. However,
optimization solutions applied in this demonstratéye also applicable in other CONCERTO use célsed | 2, and 7.

3.2.2 Demonstration story-line

The demonstration story-line of this scenario fesusn a ubiquitous and real-time patient monitositgation where
two different data sources are used for continupaissmission of patient’s vital information fromettBody Area
Network to the Coordination Centre located in tlsgital. The two sources are heart rate informatiom Zehpyr
HxM, and HD live stream from the Smartphone’s camer

1. Zephyr HxM uses Bluetooth to transmit heart rapeesl, distance and RR interval (R wave to R watezval,
which is the inverse parameter of heart rate) tdwdine Smartphone device. In the demonstrationdinice
is applied as a continuous heart rate monitor, thrdsystem forwards the measured heart rate védutse
hospital’s Coordination Centre. When using thisseewe have to pair the device with the host byimgl on
the Android SDK'’s BluetoothDevice class. Also Zeplpyovides an SDK, which allows us to easily cdllec
and process body vital data on the host Smartphdie SDK provides the ZephyrProtocol and
HRSpeedDistPacketinfo classes; using these we Blke ® communicate and receive the necessary
information (heart rate data and timestamp) withZkphyr HxM sensor node.

2. To provide high-quality video streams to the haadpite apply the internal CCD camera of the Smapho
The Libstreaming external android library is usedstream the camera and microphone data of theokhdr
device with RTP protocol over UDP. The library sapgp H.264, H.263, AAC and AMR encoders (we have
chosen H.264). On the client side (i.e., in thepita a Wowza Media Server plays the streamed came
video originated from the Smartphone. Also an HTSEPver (Apache 2) was deployed at the hospital tside
manage the playout of the stream. The library altive phone to play the role of an RTSP servethdhcase
the smartphone is waiting for a RTSP client to esfua stream. It is possible to use Libstreaminfpowit
RTSP, thus the session using only SDP over arbitransport protocol. Libstreaming requires Andrdid or
above.

The demonstration starts with a state where botthede vital data sources are transmitted usingda woverage
3G/4G access network. Then — due to the movemetiegpatient — alternative access networks appehaeacording
to the varying wireless environment, interventioill we needed for the optimal usage of the avadahireless
resources on the application flow level.

Figure 24 shows the cross-layer information exckasgd user data path of the two flows before atet af certain
mobility event in the demonstrator. According te thitial case, the mobile device uses the comrakBG/4G cellular
network. Due to mobility-related or other reasomsg). too expensive usage cost and/or insufficien,Qhe mobile
device queries for alternative connection pointsrfrNIS. NIS resides in the current cellular netwdBlsed on the
location of the mobile device, NIS determines tihatre is a WLAN network in range and access pdks and AP2
cover mobile device’s current location. Because Kh®ws this network, it can be operated by the teobéetwork
operator of the current cellular network or the rapar has made roaming agreement with the WLAN ogtwThe
mobile device connects to the AP1 and moves thelwith-sensitive HD video stream to the Wi-Fi itfiéexe while
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leaving the heart rate sensor information on thé4@Gnetwork. The WLAN network provides also a seevior
monitoring the quality of the access points throlgbE. Thus, the mobile device subscribes to pararegeport event
by sending a DDE message to the DDE EventCachbenMLAN network. After that, the mobile device rees
parameters events as presented in Section 2.3s2@dBm the events, the mobile device notices HeaAP1 is getting
congested and the mobile device switches to the, ARAdles the mobility of the video flow still balito the Wi-Fi
access, and leaves the heart rate data transmassite 3G/4G network.

Flow-aware multi-access communication helps to iooously monitor the patient’s vital data while @lsonsidering
application / user profiles and the continuousharading wireless networking parameters, and perfogna highly
adaptive mobile transmission for better Q0S/QoE.
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Figure 24: Cross-layer information services foelligent flow-aware mobility management

3.2.3 Validation methodology

In order to present the efficiency of the CONCERMEBealth framework in this use case and to evaligeroposed
underlying context-aware, flow mobility architecume designed and implemented different measuresoemarios.
We have put our focus on the performance charatit=iof the flow vertical handover process ofpheposed scheme.
In the first scenario we measure the quality oftta@smitted video from the mobile node towards dbaespondent
node using MSU Video Quality Measurement Tool. \Widsa YUV video file with 4:2:0 sampling rate andhnQCIF
(176x144) resolution. For the measurements bothhefsender and receiver side were developed in, lmmg
Datagram Socket implementation. We add a uniquaesese number to each transmitted package to gearaime in-
order delivery of video frames on the receiver skl the demonstration a live camera stream girated from the
smartphone, and visual distortions of the videoemal will be obvious when wireless networking pasders will be
degrading.

The received and transmitted videos are then caedpbased on three different video metrics: APSNRM/and
MSE. PSNR metric is used often in practice, calfszhk to peak signal to noise ratio” To take simgolerage of all the
per frame PSNR values, we can use APSNR.
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VQM measures the perceptual effects of video inmpant including blurring, global noise, block andaew distortion,
and combines them into a single metric. MSE isrtfean squared error in relation to the maximum essialue of
the luminance [21]. If the frame is flawless théueaof APSNR is 100.0, the VQM and the MSE are 0.0.

In the second measurement scenario we define tiferelt flows: a UDP flow for video transmissiondaanother
UDP flow for heart rate sending. The heart rateb@ats per minute (BPM)) and the APSNR metric efvldeo are
then measured in two different cases. In the éiase, the flows of the video stream and of thethrate are assigned to
the 3G interface, because 3G is the only availabtevork. In the second case the two flows are mssigo different
interfaces (3G and Wi-Fi.

The results obtained in the described measurermentsos will be reported in deliverable D6.5.

3.2.4 Field-trials realized and planned

We have successfully demonstrated our solution rlanote patient monitoring and ubiquitous real-titebe-

consultation on 11/09/2014, at the Faculty of Medicof University of Perugia, Italy. The infrastture basics of our
Android-based IPv6 flow mobility architecture foutti-sensor based mHealth services were demondtmatBologna
at the EUCNC 2014 conference (23-26/06/2014, Baodaly) and during the FIA 2014 exhibition (Fuguinternet
Assembly, Athens, Greece, 18-20/03/2014), astagbdne full CONCERTO demonstration.

COné))e)rtO 33



FP7 CONCERTO Deliverable D6.4

3.3 3D medical data storage and encoding

3.3.1 Use cases included in the scenario

The effective medical data encoding system couldgdydied in all scenarios, where large data medietd are stored
or transmitted. (Use cases: 1, 2, 3, 4, 6, 7). $® dase 5 - Surgical assistance — near-real-timencmication is
essential, so solutions based on high-complexggrdghms cannot be applied.

3.3.2 Demonstration story-line

The 3D medical data sets are stored in the datatifaser test server. One 3D data set consistsiodssthrough an
object, where each 2D slice is normally presented grey scale image. We can view the 2D images$grone, or get
a montage of the 2D slices (as a preview), in 9pt®4 pictures in array (see Figure 25).

Figure 25: Preview from 16 and 9 slices

In order to view the original 3D data, we applyeattre-based volume rendering technique, where eviopm the
sampling and compositing steps by rendering afsatoes inside the volume (see Figure 26).

Polygon Slices 3D Texture Final Image

Figure 26: Texture-based volume rendering
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Figure 27: Rendered 3D images from different poirtiew.

Using our volume rendering engine, we can rendegeapoint of view 3D image from the original datt. We use an
optical modelto map data values wptical properties(like color and opacity). Optical parameters aatcalated by
applyingtransfer functiongo the data. For example, with changing the temffnction, we can render the tooth with
more intensity than the surrounding bones (Fig@e 2

Figure 28: Rendering tooth with higher intensity

The work flow is summarized in Figure 30: At firite user selects the original 3D data to be pemzksAn optional
montage of 2D slices is available, where the usts the number of slices to be viewed. A free pofatiew volume
rendered 3D image is also applicable, with someaopat settings for the rendering (like parametefshe alpha
blending). After choosing the applied directorydxanethods (Izma, gz2 etc), and setting the pamméor JPEG
2000 and H.264/AVC-based encoding, the medical filtas encoded in several different ways, andistias are
generated about the different compression methods.
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Figure 29: Flowchart of the 3D medical data storaigg encoding demo

3.3.3 Validation methodology

For the efficient storage of 3D medical data, wa the demonstration scenario appling and compasixgral
compress methods. Then, our test system genetatisics from the efficiency of compression. Thsed compression

methods are: Izma, gzip, bz2, |lzma with —e paramatel lossless operation of JPEG 2000.

The elaborated statistics allow comparing the diffié compressing methods and evaluating their pegace.

Discussions on the obtained results will be preskit deliverable D6.5.
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4 Conclusions

The objective of this deliverable was to presentfthal implementation of the CONCERTO multimediatform that
has been developed in the scope of the projeatderdo demonstrate on a real-time implementatienGONCERTO
solution for different scenarios. The componentd e functionalities integrated in the demonstrate issued of the
technical work carried on in the other work paclagdé the project; their full description is availabin the
correspondent technical deliverables.

In addition to the overall platform, the three derstoation scenarios selected to validate the CONKERolutions are
equally presented along with their validation stggt

This deliverable also provides a description of wakdation methodology and of the realized anchpéal field trials,
but it does not include the related results thdlt lvd presented in the next and last deliverabl¢hefwork package:
D6.5 “Report on final validation”, expected in Feary 2015. In Deliverable D6.5, the results of thterent field

trials performed with the CONCERTO multimedia pdauth (described in this deliverable) will be repdris well as
medical doctors’ evaluations and conclusions orttedl actions engaged to validate the CONCERTO isaluh the

selected demonstration scenarios.
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5 Annex

5.1 Annex 1: Low-complexity encoding of HEVC video strams

Introduction

In previous studies concerning fast coding modésémts for encoding HEVC bitstreams in the scopthisf work (i.e.,

Deliverable D3.3), the size of the individual Caglidnits (CUs) was assumed to be fixed. For exantp&epicture to
encode was decomposed into Coding Tree Units (CBUsize 32x32 or 16x16, and no further splittifglee CTUs

into smaller CUs was allowed. The process of maatdsibn was limited to the selection of an effitiartra or inter

prediction mode. As a part of this, also the pariihg of a CU into multiple Prediction Units (PUsas conducted for
some modes, i.e., splitting into 2 PUs for intestyie prediction (INTER 2NxN and INTER Nx2N paitings), as
well as splitting into 4 PUs for intra frame preha (INTRA NxN partitioning). An overview of the ade decision
scheme evaluated so far is depicted in Figure 30.

for each CTU
(32x32 or 16x16)

early
Skip

Figure 30: Former mode decision flow chart for adafined CU size

Besides the overall structure of the mode decipimtess, Figure 30 also reveals two conditionsiwithe decision
flow, which are incorporated to speed up the precEsst, there is the “early skip” (ES) conditiavhere it is checked
whether the rate-distortion (RD) costs using the skode are smaller than those using the merge furdmoding the
current CU. If this is the case, no other modestas¢ performed for this CU and skip is immediatdiected as the
best mode. Second, there is the “spatial or tenhgmealiction” (STP) condition, formerly also dendtas “merge”
condition. This condition evaluates if the mergedeads more efficient than the INTRA 2Nx2N mode fobe current
CU, i.e., if the RD costs for merge are smalletthd condition is true, the three inter modes showrihe right-hand
side of Figure 30 are tested (INTER 2Nx2N, Nx2Nd @&NxN). Otherwise, if INTRA 2Nx2N is more efficierthe
INTRA NxN mode is tested additionally.

In this deliverable, an extension of the just disat mode decision flow is presented where thetéiticin of the CU
size is loosened to a certain extend. In genef@yElallows CU sizes from eight by eight to 64 bygdels. However,
depending on the video content to encode, it maypeamecessary to place the root of the CU quadtréee maximum
CU size and to evaluate quadtree partitionings dtthe smallest size. If all possible sizes aneswtered, a lot of
computing time is invested to find the best modinoagh one of the intermediate CU sizes may delaveeasonably
well performance in the majority of cases. Consetjyea trade-off between the investigated rang€fsizes, i.e.,
the invested encoding time, and the resulting apdifficiency has to be found. Furthermore, the tjoesshould be
addressed, whether it is beneficial to enablets@iiCUs into multiple PUs while limiting the alled depth of the CU
quadtree, or to do it the other way around, icedisable PU splitting while testing smaller CUs.

The next section describes the extended mode decésheme, which begins with the fast determinatibthe CU
guadtree. Afterwards, experimental results aregmtes! using this extended scheme, before a coanlisigiven.

Fast Mode Decision Including Quadtree Partitioning

In order to quickly determine an efficient quadtoeEEomposition of a CTU, the mode decision protessibdivided
into two parts. In the first stage the CU quadiseereated, where only the RD costs of the skimerge mode (2Nx2N
PU partitioning) are used as criterion to decideftiother splitting or no further splitting. In @sond step, all CUs of
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this previously determined quadtree are revisited e prediction mode of each CU is reassesseding other
modes, too. In the following, the merge and skipdenof HEVC will be explained based on [2], as itis&d as the key
for the creation of the CU quadtree. Afterwards thvestigated mode decision flow will be presented some
characteristics of this scheme will be discussed.

Due to fact that a picture is divided into a fix€@U raster and the concept of decomposing CTUssntaller CUs
using a quadtree structure in HEVC, the problemsearthat picture areas may be segmented intoelitf€Us although
the motion of the complete area is homogeneousrdar to avoid coding redundant motion informatiordifferent
PUs, the so-called merge mode has been introdméeddEVC. The merge mode allows inheriting motinformation
for the current PU from a set of spatially or temgdly causal PUs already coded. As a first step ntiotion information
from these neighbouring CUs is collected and adistnerge candidates is created. The collectiopasisible merge
candidates continues until the length of the kstches a certain numbEumMergeCandswhich is signalled in the
slice header and is set to five in the HEVC refeeesoftware HM-14.0 [3] by default, for example. &tihcreating the
list, first five spatial candidates are consideteetbe added to the list. The positions of the gpatindidates can be seen
in Figure 31(a). If available, up to four of thedicandidates are added to the list in the follgwarder: A, By, By, Ao,
and B. Furthermore, a redundancy check is performedrderoto avoid adding redundant motion informatiorthe
list.

B, BBy
c
X Y
A, |
A | °Co
(a) (b) !

Figure 31: (a) Positions of the five spatial metgadidates of the current block X. (b) Positionsheftemporal merge
candidates relative to the collocated block Y dfLX

Afterwards, one of the two temporal candidatgs@ G as shown in Figure 31(b) is added to the list,net® is used

if it is available and inside the current CTU roand G is used otherwise [1]. If the total number of gdaand
temporal merge candidates in the list is less tNamMergeCandsadditional “virtual” candidates are created by
combining motion data already in the list and fiypdly using zero vectors with different referendetyre indices [1].
Finally, only the index of the respective list gnis encoded to signal the best merge candidatedttition, when
considering RD costs, it may be advantageous tathesenotion compensated prediction obtained by eympd the
merged motion data directly as reconstructed pcturd not to transmit additional residual datahis is the case, the
so-called skip mode is activated by setting the kdg and coding of the residual data is skippddre detailed
information on the merge mode of HEVC can be foum{d].

As already mentioned, the RD costs of the skip/eengde are used to create the CU quadtree. To beprecise, the
minimal skip/merge costs for coding a CU in a dartavel of the tree are recursively compared te thinimal
skip/merge costs of the four sub-CUs, using 2Nx2NpRrtitioning in all cases. The CU of the currqoadtree depth
is split into four sub-CUs if the total minimal gkinerge RD costs of the sub-CUs are smaller thannimimal
skip/merge RD costs of the current CU. In ordecdmpute the minimal skip/merge RD costs of a Plg, rttotion
information of all merge candidates within the ¢eellist is tested in order to predict the curf@btand the respective
RD costs are computed. Additionally, the RD costleation is done including the coding of residuatadas well as
without coding of residual data (skip mode). Thedmbelonging to the minimum of all these RD costsansidered as
the most efficient one.

After the quadtree decomposition of a CTU basednimmal skip/merge costs is found, each individG&l of the
guadtree is revisited in decoding order, i.e.,eptti-first order using a z-scan. A mode refinengrotess is executed
for each CU in order to find the optimal coding raambnsidering a larger set of possible modes, nigtskip/merge. It
should be emphasized that the skip/merge candsidéxtion and the cost computation for a certaix2NPU in
general have to be recomputed in the refinemept atthough both steps have already been performte first stage
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when creating the quadtree. The reason for thibas the initially selected merge candidate mayehbgcome not
optimal any more or even invalid due to a changthefselected mode for this referenced PU in tliaenment step.
For example another merge candidate may now dedivegtter prediction for the current PU due to rfiedimotion

information of this candidate. Moreover, a candidatay have become invalid if intra picture predicthas been
selected for this referenced PU in the refinemésyp.sThus, there is no motion information to inhany more. The
described behaviour applies for the spatial mergediclates of a PU. Although the motion data of tdv@poral

candidates is constant, it is very unlikely that thotion information of all spatial candidates has been modified
during the mode refinement process so far. Themnig one exception, namely the PU in the top ¢eftner of the
CTU. For this PU the mode of the spatial merge whatds cannot have been changed between the creztitne

guadtree and the mode refinement of this particGldr However, in order to keep the description $&amgnd the
implementation consistent with the description, skip/merge costs are always computed again diggening of the
mode refinement stage. An exception may be intreddor this case when optimizing an implementatbthis mode
decision scheme.

In principle the mode refinement stage consistsadfersing the mode tests as depicted in FigurldiB36ach CU of the
determined quadtree. However, due to the incorforadf different CTU sizes and depths of the codireg, the
guestion arises whether it is beneficial to allghitsng into smaller PUs (e.g., INTRA NxN, INTERxXN|, or INTER

Nx2N) while restricting the maximal quadtree demthto allow one additional depth level while dikaf PU splitting.

Figure 4 depicts the flow of mode tests for each i@lthe mode refinement stage, where those mods vdsere a
splitting into smaller PUs is applied are drawnhadiashed boxes, illustrating that they may be $widcon or off. The
best trade-off has to be found by experimentaliatains and will be addressed in the next section.

Figure 32: Decision flow for each CU in mode refirent stage.

In order to speed up the mode decision processralefast methods are employed. As it is shownigurfe 32, the
early skip as well as the STP condition are usedaee processing time. These conditions have airéaen

incorporated in previous studies as shown in FigreBesides these two conditions to speed up thi@erdecision in
the refinement step, another condition called Ye&U” can be applied when creating the quadtrethénfirst stage.
The early CU condition works in a similar mannettees early skip check. The early CU condition ialeated on each
depth level of the emerging quadtree after the/siépge test has been performed. If the RD costgjubkie skip mode
are smaller than those using the merge mode, tioefusplitting of the respective CU is consider®therwise, further
splitting is allowed. The effects of these threaditons in terms of saved processing time comp&wdatie potentially
decreased quality and increased bitrate will béuated in the following section.

Experimental Results

The presented two-stage decision flow scheme has ineplemented into the HEVC reference software HAD [3].

For the presentation of the experimental evaluatiisiimplementation is denoted as “FastQT” heréémaAs already
mentioned, those mode tests leading to a splittinhe CU into several PUs (drawn with dashed bandsigure 32)
may be switched on or off within the software. Rermore, also the three conditions for speedinghg mode
decision process may be enabled and disabled $tingepurposes. Besides this modified softwarey alsulations
using the original HEVC test model HM-14.0 are asian anchor. In general, different CTU sizes asqutht of the
coding tree are considered. Abbreviations are fised compact representation of these differenfigarations and
software implementations. These abbreviations amasarized in Table 6. The digit “1” is appendeaioabbreviation
if the respective feature is activated for a sirtiala Otherwise the suffix “0” is added.
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Two sequence classes of the HEVC Common Test Jonslif4] are used for the simulations, naméliassC
consisting of four sequences with resolutions o2X@B0 pixels andClasskE consisting of three sequences with
resolutions of 1280x720 pixels.

Abbreviation Description

HM Original HM-14.0 software

FastQT Modified HM-14.0 software using the introduced tei@ge mode decision
scheme

64, 32, 16, 8 Considered CU sizes; highest number gives CTU @zg 64x64), smallest
number gives smallest CU size (e.g. 8x8)

PUS PU splitting: INTRA NxN, INTER 2NxN, and INTER Nx2khodes are tested
if enabled, otherwise not.

ECU Early CU condition

ES Early skip condition

STP Spatial or temporal prediction condition

fast All fast methods enabled, i.e., ECU, ES, and MCbésth (unless otherwise
specified)

Table 6: Summary of the abbreviations used ingbdion.

ClassC Class
25% 35%
20% — 30%
2 5o 2 55 #HM 64,32, 16,8
g X ] K
£ o0% e 2 20% WHM 32, 16
.E 15% - g 15% a FastQT 32, 16, 8 (PUSO)
o 10% g 10% ¢ FastQT 32, 16, 8 (PUS1)
5% 5% FastQT 32, 16 (PUSO)
0% 0%
0% 20%  40%  60%  80% 0%  20%  a0%  6o%  sox o< restars2 16(PUs1)
Enc time reduction Enc time reduction

Figure 33: Evaluation of coding performance: CUdjtee depth versus PU splitting (PUS) without emyiplg any fast
mode decision conditions.

As a first step the question should be addresshdthar it is advantageous to use very small CUsewtisabling PU
splitting (PUSO), or better prefer disabling thevést CU depth but enabling PU splitting (PUS1). ther discussion of
this question let us consider coding results withaoy fast methods activated. Intuitively, the wde8x8 CUs is
dependent on the video content to encode. If agiatontains more details, smaller blocks like 84&s are useful to
achieve efficient compression. Naturally, the antooindetails per area of a picture decreases whenrasolution
increases. This can be observed in Figure 33 whemesults for disabled 8x8 CUs are compared tadbelts where
8x8 CUs are enabled. The figure shows averagedtsasfuthe encoding time reduction versus the iasecof the BD
rate. Thus, the more efficient (concerning timeaadl as BD rate) an encoder is, the further to ilb&om right the
respective result appears in the diagram. Anchtitasoriginal HM-14.0 implementation using thew Delay P Main
configuration according to [4]. It can be clearges that the two FastQT tests without 8x8 CUs perfeorse than the
two other tests where 8x8 CUs are enabled forClassCvideo sequences (relatively low resolution). Imtcast to
that, the two FastQT configurations without 8x8 Qigsform best of all FastQT tests considering #ie as well as the
encoding time for th€lassEsequences (higher resolution). Considering thierdifices between enabled and disabled
PU splitting it may be concluded that the splittingp sub-PUs may be used to adjust the trade-etffiben encoding
time and bitrate. However, the enabled PU splitimgot able to fully compensate for disabled 8X8sGcompare
“FastQT 32, 16, 8 (PUS0)" to “FastQT 32, 16 (PU$1When it comes to decide for a certain mode selescheme,
it may be wise to first decide for or against tise of 8x8 CUs depending on the target resoluticth@fideo encoder.
Afterwards, the use of sub-PUs may be adjustedriipg on the desired trade-off between complexitgl aoding
efficiency.

As can be seen in the left part of Figure 33, ttoe@ssing blocks using no 8x8 CUs and no PU spiittire too large
for the content of th€lassCsequences. The BD rate increases significantly ©uhis observation and the fact that
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the influence of the enabled or disabled PU spittshould also be evaluated when fast mode decisigthods are
used, 8x8 CUs are enabled for the remaining arsigghis section of the deliverable.

In a second step the individual fast methods oftihestage mode decision scheme are analysed ifotfesving.
Figure 34 presents results comparing mode decaiabling the early CU (ECU) condition and withcuistcondition.
The anchor is the same as in Figure 33. For th&QHasnplementation, active as well as inactive Rlittng (PUS) is
tested. Considering the HM anchor, basically nataiidhl BD rate has to be accepted if ECU is erébléhe very high
amount of encoding time reduction when using ECthithe HM software for th€lassEsequences may be explained
by the content of these videos, which are telegenfing scenarios containing a very large aredaticsbackground.
Thus, using the FastQT implementation in this sderia only advantageous concerning the encodimg iif ECU is
enabled. Nevertheless, activating ECU using Fasi€hiieves a considerable complexity reduction wiily @ rather
small amount of additional rate compared to Fast@¥hout ECU for theClassCas well as th&ClassEsequences.
Besides that, the effect of enabled or disabled BlW&ly marginal.

The second fast condition to analyse is the eddy €ES) condition. Respective simulation results depicted in
Figure 35. Compared to the ECU condition there @ear difference observable. Although the actomatof the ES
condition leads to a speed-up of the coding prootabout 7 to 9% for both sequence classes, timses along with an
increase of the BD rate of approximately 5%.

An even more considerable increase of the BD ratapared to the reduction of the encoding complegén be

observed for the evaluation of the STP conditionFigure 36. Consequently, the STP condition may et

recommended for the evaluated coding configuratiddiewever, the STP condition (formerly called “merg
condition”) seemed to have worked reasonably webeading to previous investigations with a slighthpdified mode

decision scheme. The exact reason for the badmeafice using the mode decision scheme presentedstikihas to

be clarified in detail.

ClassC Classt
35% 35%
0% 0% @ HM 64, 32, 16, 8 (ECUQ)
'} @
[~} [~}
g 25% g 25% K = B HM 64, 32, 16, 8 (ECU1)
£ 20% S £ 20%
2 15% 2 15% FastQT 32, 16, 8 (PUSG, ECUO)
g 10% g 10% ¢ FastQT 32, 16, 8 (PUS1, ECUO)
5% 5%
0% ¢—l 0% [ ] FastQT 32, 16, 8 (PUSQ, ECU1)

0%

Figure 34: Evaluation of coding performance ustmgECU condition (with and without PU splitting).

50%

Enc time reduction

100%

0%

50%

Enc time reduction

100%

 FastQT 32, 16, 8 (PUS1, ECU1)

ClassC ClassE
35% 35%
30% 20% ¢ HM®64,32,16, 8
2 2 b4
w 25% x wm 25%
g L >K FastQT 32, 16, S(PUSD ESO)
£20% v £ 20% [ .
% 15% % 15%
E 10% E 10% { FastQT 32, 16, S(PUSL ESO)
] (-]
5% 5%
FastQT 32, 16, 8 (PUSD, ESl)
0% 0%
0% 50% 100% 0% 50% 100%

< FastQT 32, 16, 8 (PUS1, ES1)

Enc time reduction Enc time reduction

Figure 35: Evaluation of coding performance usimg ES condition (with and without PU splitting).
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ClassC ClassE
35% 35%
30% 20% ®HM 64,32, 16, 8
@ 25% : 25% X

— FastQT 32, 16, 8 (PUSO, STPO)

20%
15%
10%
5% 5%

0% 0%
0% 50% 100% 0% 50% 100%

Enc time reduction Enc time reduction

)
=
R S
>‘_

15%
[ FastQT 32, 16, 8 (PUS1, STPO)

,_‘
(=}
&

BD rate increas

BD rate increase

FastQT 32, 16, 8 (PUSO, STP1)

# FastQT 32, 16, 8 (PUS1, STP1)

Figure 36: Evaluation of coding performance usimg $TP condition (with and without PU splitting).

ClassC Classt
40% 40%
35% X 35% #HM 64,32, 16, 8
2 30% 2 30% x
Losm Losm
E 20% E 20% FastQT 32, 16, 8
® 15% ® 15%
2 10% 2 10%
o o < FastQT 32, 16, 8 (fast, STP1)
0% 0%
0% 50% 100% 0% 50% 100% FastQT 32, 16, 8 (fast, STPQ)
Enc time reduction Enc time reduction

Figure 37: Evaluation of coding performance: adtfanethods (ECU, ES, STP) versus all fast methatheout STP
versus no fast methods (PUSL for all cases).

Finally, the combination of all three fast conditforemains to be evaluated. For the sake of coensss also the STP
condition is considered here, although the ressitswn in Figure 36 already suggest disabling teature. The
respective coding results are depicted in FigurewBiere PUS is set to one for all simulationshihidd be noted that
the scaling of the vertical axis has been adaptefit the extended range of the rate increase. Quaintdp all fast
conditions leads to a reduction of the encodingetiofi approximately 80% fo€lassC (with about 36% BD rate
increase) and approximately 86% flassE(with about 31% BD rate increase). Due to the fhat the STP condition
did not perform very well when it is applied indidally, as shown in Figure 36, additional resutts shown where the
fast methods except STP are employed, i.e., ECUE&dnly. Disabling STP leads to a significant iga@, especially
for the ClassCsequences, analogously as it could be observé&igime 36. As already explained, this behaviour
actually contradictive to previous results usinglightly modified mode decision scheme and theaedsr the bad
performance remains to be analysed.

Conclusion

A fast mode decision scheme for HEVC, denoted a8(Fg has been introduced and evaluated, whereadthag tree
based on the RD costs of the skip/merge mode etedtein a first stage, followed by a mode refinetfen each
individual CU of the quadtree. Simulation resul&ing this mode decision scheme show that incorpgyahose
prediction modes which split a CU into multiple P(B3JS) can be used to adjust the trade-off betweemplexity and
coding efficiency of the encoder. However, the pubty to split into sub-PUs cannot compensate fliisregarded
small CU sizes. Thus, the size of the smallest G¥s,the depth of the coding quadtree, shoulddjasted according
to the resolution of the video content to encodesi@es that, three conditions intended to speethepencoding
process have been evaluated, namely “early CU” (E@arly skip” (ES), and “spatial or temporal piettbn” (STP).
ECU as well as ES are methods adapted from thénatigiM software, whereas STP is a newly introduoesthod.
ECU is able to achieve a significant encoding treduction with a marginal increase of the BD rétiso ES is able to
speed-up the encoding process. However, here thargrof additional BD rate is not negligible. ThHERSis not able to
confirm the promising results of previous invedtigias. This is probably caused by one of the modifons made to
the mode decision scheme. Further analysis is sanet reveal the exact reason for this behaviour.
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5.2 Annex2: Hierarchical prediction mode for HEVC encodng

Introduction

Traditionally video frames are coded in “group ddtpres” (GOP) mode. That means the first picture @roup is
coded in INTRA (I) mode, having no dependenciepmeviously coded frames. Subsequent pictures irgtbap are
dependent on the previously coded picture (INTER,sBmetimes on one or more other than the prelyiczesded
pictures from the same group. A video will be codedIPPPP IPPPP ... sequence. This is intendedatoles any
decoder to start decoding the video stream atttrecf a GOP rather than having to decode thevfdio starting at its
first coded frame.

To facilitate this “random access” feature, typiga new GOP is started in the range of twice paoad of coded
video up to every few seconds. That translates @ lengths between ten and a few hundred fraasssiming the
typical frame rate of twenty-four to thirty frampsr second.

However, there are a few drawbacks. Decoding canerer start at the first frame of a GOP, so idesrto access the
last frame of a GOP, all of the GOP has to be dedoddditionally, a lost frame early in the grouppictures will
render the rest of the group unable to decode cityre

To improve upon this situation, hierarchical INTEBding was invented. A simple way to describe ta&ure would
be to say the group of pictures has been subdivid@dseveral sub-groups, called temporal layetse Bbasic layer
(layer 0) corresponds to the INTRA frames usedaditional GOP coding. The next layer, layer 1,atefs only on the
previously coded layer 0 frame, while layer 2 frandepend on layer 0 and layer 1 frames. A videaiesgtp coded
with four layers would look as illustrated in FiguB8. The number of layers used is limited by tremory of the
decoder, which has to match the number of referénacees required. In the example, the number @regice frames
is equal to the number of layers minus one.

5 6 T B B 10 11 12 13 14 15 16
TI T:- -—:. T-I T.I T:-' T! TI T:i T-' T! T:

— =
S
=
-
-

Figure 38: Hierarchical prediction structure foagers.

The benefits of this coding mode are manifold, esly in an environment, where random accessdqsired or where
the video is transmitted over networks with padkss, often resulting in frames that are not deeadle. If a frame
loss should occur in one of the deeply nested saflayer 3 in the above example), only little deigtion of the video
quality is experienced by the user. A frame losa imgher layer will result in a more massive lossideo quality, as
all images depending on the lost image are notakstale anymore.

With traditional group of picture coding, differeqiantisation parameters (QP) are usually chosethéoINTRA and
INTER images, to balance visual quality versus date. A typical setting would be to decrease tMEHR quality by
three steps respective to the INTRA quality.

The same principle also applies to the hierarchpeadliction structures. Each layer is coded withifierent QP, which
is given as difference to a reference QP, usub#yldyer 0 QP. A proposal to calculating the QRedihces is currently
available in [5].

@ QP(T>0) = QP(T0) +3 +T

Please note, this proposal is meant for a sligfifferent use case, i.e., coding of B frames artdaking effects on the
rate variance into account, but is used here &wrting point.

QP difference testing

Using four temporal layers as shown in Figure 88ets 2 and 3 have two times and four times mamds compared
to layers 0 and 1, however their quality shouldidsger because they are less important for motiadigtion when
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decoding the sequence. Layer 3 frames are notatsatifor prediction, thus it is possible to redube rate for layer 3
without affecting the overall visual quality of th@eo proportionally. Of course, using abysmadiwlquality for layer
3 will be noticed by the viewing person and is desirable.

As stated, the quality difference between the fragtes in a sequence (e.g. layer 0) and the wergt kayer 3) should
not exceed a certain difference. However it is alesirable to have the rate distribution betwegeraand the frame
size differences between successive frames wellelinLarge variations in either affect the ratateol performance

adversely and will lead to issues when transmitting video over the network. Typical network belwmar makes it

more likely to have packet loss during bursts dadseing transmitted and less likely during contiegitransmission at
a steady rate.

As a result, the QP differences between layers tmabe carefully evaluated.

Initial statistical evaluation of data measuredhwiitie settings for quantisation parameter accortbngl) showed a
variation in frame size exceeding twentyfold on cassive frames. This is deemed unacceptable fer qamtrol
application as this will lead to massive fluctuatizetween frames. Also, with the layer 0 framesd®eif excessive size
they will be especially vulnerable to packet lagsdering the full group of pictures unusable fecalding. A number
of tests were run to try and find better settirgge Table 7 for the tested configurations. All aqunfations were tested
with various initial QP settings and on multiplgisences with either two hundred or one thousanddsa Please note
that a higher value for QP results in worse qualitye range of QP is from zero (best) to fifty-gnerst).

Mode LO L1 L2 L3
0000 0 0 0 0
1111 0 +1 +2 +3
2111 0 +2 +3 +4
3111 0 +3 +4 +5
4111 0 +4 +5 +6
2211 0 +2 +4 +5
M1IM1IMIM1 0 -1 -2 -3
M2M1M1M1 0 -2 -3 -4
M1011 0 -1 0 +1

Table 7: QP deltas for 4 layers as tested, with ‘faganing “one step lower quality than referenceé QP

The test results in Figure 39 and Table 8 showoumifbehaviour between all sequences and all sstforginitial QP
settings. An initial test run with about thirty sespces over a variety of frame sizes was evalu#ttecs found that the
encoder behaves consistently over all sequencestheopurpose of this work, two sequences werectsle one
recorded during a video conference and the other ming the BigBuckBunny sequence [6]. The latejuence
contains a wide variety of content which was fodling the initial run to be the most demandingussgte for the
encoder, especially with the rate-control developtnile mind. All following tests are run with the iwsequences and
four settings for the initial QP (22, 27, 32, 3This test set was chosen to keep the effort ofuatmlg the results
reasonable. Tests over more sequences are ruquefrdy to verify the consistency of the results.

Viewing the resulting sequences confirms the measants. The evaluation will thus focus on spec#&nples
selected from the test results. In order to prefia@evideo stream for lossy connections, sevenafigarations with a
reduced quality layer O are tested, although therallrate-distortion performance is expected tovbese.
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Figure 39: Measurement results for QP deltas (BaBunny sequence, initial QP range: 22-37)

Mode BD rate Color

0000 Reference White *
1111 -31.3% Lilac

2111 -38.6% Cyan *
3111 -44.2% Red

4111 -48.2% Yellow

2211 -43.3% Blue *
M1IM1IM1IM1 65.5% Black
M2M1IM1IM1  90.8% Green

M1011 -8.5% Blue @

Table 8: Measurement results for hierarchical mgdiith QP delta configuration (Bjgntegaard dedtte values;
negative values showing gain) (BigBuckBunny segagnc

The above test gives a number of candidates toviollp on. The ones considered interesting for &rgtudy are
marked with an asterisk (“*”) in Table 8.

As expected, all modes tested result in well-defirete-distortion curves. Using the dark blue cu@@00 mode) as
reference, it is obvious that the 1111 through 4aad the 2211 modes perform better, while the M1NIM and
M2M1M1M1 modes perform much worse, even more whampmared to the 1111 and 2111 modes, respectivbly. T
M1011 mode even outperforms the 0000 mode withim gfa7.4%. It was expected and confirmed by trst that the
3111 and 2211 modes perform very similar,givenrtiiery similar QP deltas. Visually the 2211 moderss to be
marginally better, but the visual difference betwemy of the modes is only noticeable when usingis¢emporal
layers. Seven temporal layers represent an equaiv&l®P length of 64 frames and a difference betwherbest and
the worst layer of up to 9 QP values (4111 mod&ual evaluation of seven temporal layers, everitferl111 mode,
shows a noticeable negative impact on visual gualitd was not pursued any further. For practicasoes all
evaluation will be done for four visual layers.

In the following section, the four modes 0000, 212211 and M1011 will be evaluated further.
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Mode 0000

Table 9 shows the distribution of frames per layerthe distribution of kBytes/Layer (Rate). Fig4@ (a) shows the
frame sizes after compression for the first 10@0nies of the Big Buck Bunny sequence. Figure 40s(lexactly the
same as Figure 40 (a) but annotated to show tliidid! layers.

Layer No. Frames kBytes / Layer Avg. kBytes / Frame
LO 25 2953 118

L1 25 2295 92

L2 50 3518 70

L3 100 5537 53

Table 9: Layer overview for mode 0000 (200 frames)

Figure 40 shows that the sequence has a fadeam@s 0 to 100), followed by a relatively steadytisec There are
small scene complexity changes near frames 30B@@dTwo large scene complexity changes occur fnaares 400
and 600. Between the large scene complexity chaisgagelatively simple scene as indicated by the tlata rate,
while before and after are more complex scenes.
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Figure 40: Results for QP delta in mode 0000

In this test, all layers are compressed with thees®P, the differences between layers is due toseparate effects.
One effect is an increased number of Intra codedkslin Layer 0. This is due to the fact that taydrames can only
be predicted from the last layer O frame whicheistively far away (8 frames previous). Along samilines, layer 1
frames can only be predicted from previous layg4 Grames previous) or previous layer 1 (8 framesvipus). This
does result in a lower bitrate compared to layas @he Inter mode prediction is better, thoughicedl. Layers 2 and 3
benefit from frames available for prediction tha¢ ancreasingly closer, thus reducing the data natiiceably and

systematically.

The results are usable for rate control implemérahowever not ideal for the aforementioned nekwtansmission.

Mode 2111

Table 10 shows the distribution of frames per laygerthe distribution of kBytes/Layer (Rate). Figul (a) shows the
frame sizes after compression for the first 10@0nies of the Big Buck Bunny sequence. Figure 4ls(lexactly the

same as Figure 41 (a) but annotated to show tliididl layers.
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Layer No. Frames kBytes / Layer Avg. kBytes / Frame

LO 25 2953 118
L1 25 1536 61
L2 50 1693 34

L3 100 1800 18

Table 10: Layer overview for mode 2111 (200 frames)
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Figure 41: Results for QP delta in mode 2111

Beginning with this mode, the big scene complegtlignges near frames 400 and 600 result in ovendye ltames. In
this case it is obvious that the scene complexXignge happens compressing a layer 3 frame. As Baigenot used for
prediction, the same content has to be coded dgathe next frames in layers 2, 1 and 0, unfortelya A strategy to
handle such scene complexity changes has beerogedeind is discussed in chapter 4.3.5.4.
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Otherwise the performance of this mode is somewiatse than mode 0000 as far as rate control andonlet
transmission are concerned.

Mode 2111

Table 11 shows the distribution of frames per laygerthe distribution of kBytes/Layer (Rate). Figy2 (a) shows the
frame sizes after compression for the first 10@0ntes of the Big Buck Bunny sequence. Figure 42s(lexactly the
same as Figure 42 (a) but annotated to show theidindl layers.

Layer No. Frames kBytes / Layer  Avg. kBytes / Frame

LO 25 2953 118
L1 25 1536 61
L2 50 1216 24

L3 100 1353 14

Table 11: Layer overview for mode 2211 (200 frames)
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Figure 42: Results for QP delta in mode 2211
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As seen in mode 2111, the big scene complexityggmnear frames 400 and 600 result in overly I&agaes. In this
case it is obvious that the scene complexity chdvagmpens compressing a layer 3 frame. As layerrdisused for
prediction, the same content has to be coded dgathe next frames in layers 2, 1 and 0, unfortelya A strategy to
handle such scene complexity changes has beerogedeand is discussed later.

Otherwise the performance of this mode is decidedbyse than modes 0000 and 2111 as far as rateotamd
network transmission are concerned.

Mode M1011

Table 12 shows the distribution of frames per layerthe distribution of kBytes/Layer (Rate). Fig#3 (a) shows the
frame sizes after compression for the first 10@0nfes of the Big Buck Bunny sequence. Figure 43s(lexactly the
same as Figure 43 (a) but annotated to show theidindl layers.

Layer No. Frames kBytes / Layer Avg. kBytes / Frame

LO 25 2582 103
L1 25 2473 99
L2 50 2889 58

L3 100 3363 34

Table 12: Layer overview for mode M1011 (200 frajnes
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As seen in modes 2111 and 2211, the big scene eaitypthanges near frames 400 and 600 result imlyolarge
frames. In this case it is obvious that the scaemmaptexity change happens compressing a layer 3efrdys layer 3 is
not used for prediction, the same content has toobded again for the next frames in layers 2, 1@Gndfortunately. A
strategy to handle such scene complexity changeddan developed and is discussed in “Scene coityplhange

detection”.

However, testing over several sequences and witterelint settings for the Base-QP showed that thertaeach make
up roughly a quarter of the bit rate (compare Tdlde Layer 0 and layer 1 frames are virtually aene size, while
layer 2 frames are roughly half the size and I8ysyughly half again. As seen in Figure 43 (b),diféerences between
successive frames are very well controlled andettae no overly large frames apart from the scamaptexity
changes. This is a very good result regardingdte gontrol algorithm and regarding network trarssioin.
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Conclusion

The requirements for the rate control, predictdidene sizes, and for network transmission, simftame sizes
throughout the layers, are considered while evalgat

While mode 0000 is a most significant improvemewronot using temporal layers, the variation ohfeasizes in
layers 0 and 1 is still quite obvious and it widl tifficult to fulfil the requirements with this rde.

In comparison, the rate-distortion performancehef2211 mode is among the best in the overalsttstut this mode
has a rather large variation of frame sizes infa@eand 1. Also, the average layer 0 frame isecuibit larger than the
frame sizes for layers 2 and 3, rendering mode 2@fdvourable with regard to the network transmissequirement.

Overall the mode 2111 performs slightly worse tharde 2211. The frame sizes are slightly betterrotiat!, the Rate-
Distortion performance is slightly worse, but nigirsficantly so.

In contrast, mode M1011 meets the requirements wetly There is little variation of frame sizeslayer 0, which is
small compared to the other modes, while the la¥eBsand 3 have next to no variation. Also, batyel 0 and layer 1
frames are similar in size, meeting the networkgraission requirement not to have overly large &snin fact each
layer takes up roughly a quarter of the overaladate, so over a group of pictures there is vigthg bariation in data
rate.

The behaviour of mode M1011 was verified with saleequences and several different base-QP settingsvery
consistent, apart from the fact that all other seges show a less pronounced structure, with nmescemplexity
changes or fade-in. Also, the relations betweearlay frame sizes are very similar for all testequences and base-
QP settings.

Although there may be some room for optimizatian,the development of the rate control algorithmded11011 is
chosen. At the same time, the Big Buck Bunny secgiésn considered most challenging for the raterobtaisks as it
contains a number of different content propertieg.( steady content, panning, fades, scene coitplelxanges),
resulting in an difficult task for the rate contedgorithm.

5.3 Annex 3: Rate control for HEVC video compression

Before starting on the rate control, a large numifesequences were analyzed with respect to frames sluring
encoding. The result was a noise-like graph witttelior no discernible dependency between sucoessames.
Nothing statistically relevant was found to bagsata control on.

The test was repeated using hierarchical tempaosadigtion, with a much more satisfying result (68€00” results
above). However, it was obvious that the QP dditeisveen layers needed optimization. The “M1011" enedhs
chosen successively and used for rate control dprednt. Using these settings, the frame sizes bbtpthe encoder
are predictable in the short term.

The rate control has the following interaction geiwith the encoder:
» Setting configuration parameters.
» Before starting to encode a frame, the rate consrajueried for the frame's initial QP and the maxin
compressed frame size limit.
» Atthe end of a frame, the number of bits usedvismto the rate control.

Use of the encoder in real-time communications abifa devices requires careful optimization of camepional load
and memory access throughout the encoder. A coitypkxalysis of every frame before the encodinthefframe was
considered not an option due to excessive memamgsac

Frame-based rate control

A first, frame-based algorithm for rate control wagplemented as a starting point for the rate antnplementation.
There was no expectation that the frame-basedittigomwould be useable without further modificati@urprisingly,
with the finely tuned hierarchical prediction, tiiame-based algorithm proved to be quite usealiggaally within a
scene that is typical for the primary use case,(stgeaming of ultrasound and ambient video).

A number of restrictions, simplifications, and asptions are made for the first implementation:
e The encoder is operated in the hierarchical prediahode “M1011.”
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* No rate control within a frame, but only at therstd a frame. Thus, the QP will be fixed per frame
» Afixed frame rate (via configuration parameterassumed.

« Aviolation of the maximum rate is tolerated foostperiods of time.

e A maximum quality (minimum QP) is set via configtioa parameter.

e The initial QP is set manually to a value that ralsies a good starting point (startup problem).

e Overhead for video stream multiplexing and netwmaikkaging is not considered.

The frame-based algorithm uses data from previoeistpded frames to estimate the current output Bateed on the
estimation the QP is changed to decrease or iretbasoutput rate. The rate control algorithm emypla window of
acceptable rate within which no changes to the @Pade, as well as different settings for incregasis. decreasing
the QP in order to reduce oscillation.

Obviously, at the start of a video sequence, tietidtle or no data from previously encoded framAs long as the
assumption about the initial QP is met, the algaomican gather data for the period of several franmti the effect of
regulation is required.

The crucial part of the algorithm is the estimatafrthe current rate. To do so, the algorithm wusageighted sliding
window average calculating the current average draire. For each frame, the following formula iEgkted:

) An=Anr*(1-c)+(§70),

with A, being the weighted average after frame\, ; the weighted average after the previous frameh& reported
size of framen, andc a weighting parameter calculated from frame timinfprmation. The weight is called the
window size. After optimizing the weight, this rétsun a fairly stable and robust estimation of tuerent frame size.

The actual output rate is estimated by multiplmatf A, with the nominal frame rate (see assumptions).

Since the rate is measured in bit per second,mfpaimes per second, the frame timing informat®mriportant. When

replaying previously recorded video, as in thestestecuted during the rate control algorithm degwelent, a fixed

frame rate can safely be assumed. In case ofirealdommunications, however, the input frames nasnay not be

recorded at a fixed rate. A very typical exampla igdeo taken in low-light conditions. Many modeameras will use
a longer shutter time in low-light conditions, rig in a lower number of frames per second. Isecaf a non-steady
frame ratec should be adapted to reflect the frame rate.

Please note that the current rate is calculatetthdoyate control over a very short window size dfanes (1/3 second)
to allow a fast reaction to changes. The windove s& chosen to coincide with the GOP size resulfiogn four
temporal layers being used.

The current output rate is compared successivethgomaximum output rate and to the minimum outpte set as
configuration parameters.

If the current output rate is within the boundsrohimum and maximum rate, nothing is done.

If the current output rate is higher than the maximrate, the QP is increased by a fixed amountiaghe “strength”
configuration parameter.

If the current output rate is lower than the minimuate, the QP is decreased by a fixed amount aifeoh the
“strength” configuration parameter.

Adjustments to the QP are made in fractional inenets, for which the rate control internally usefioating-point
representation of the QP.

With the encoder finely tuned as described abdwe flame-based rate control actually works quit# imemost cases.
The resulting rate is well controlled, even whemgsghe “BigBuckBunny” sequence, which has a numtfescene

complexity changes challenging the rate controbidlgm. Evaluation of sequences which are less deing on the

rate control result in a reasonably well controltedput rate, comparable to the results betweandr850 and 1000.
The algorithm is able to handle small to mediumngjes in scene complexity reasonably well, while iomadto large

changes in scene complexity (at the start of tlygiesece, near frames 300 and 600) cause some rateloy but are
reasonably quickly compensated for.
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Figure 44: Results of frame-based rate control --r@Pcompensated for QP changes due to the laytmgs
(BigBuckBunny sequence, first 1000 frames, inify@ = 22)

At the start of the sequence, the frame sizes the.data rates for the single frames) are veny(kince the sequence
contains a fade-in from black), in fact lower tithe minimum rate set via configuration parametdrisincreases the
severity of the startup problem as the data rasemied by the rate control algorithm is much lothen the lower
boundary while the statistical data available isy&i sufficiently stable. Obviously, the rate cqohtries to compensate
a few frames into the sequence, as indicated bgtihage in QP in Figure 44. As the scene becomes caonplex and
the rate control is still improving the qualityetie is a single oscillation with a peak near fr&ifieDecreasing the QP
by half the value (half the speed) used for indrepi proved to be vital to control the oscillaticas proved the use of
a window defined by minimum and maximum data rateere is a scene complexity change near frame &00ting in

a short peak rate. Earlier testing indicates trasne change impacts three subsequent frames @reditftemporal
layers, which needs to be addressed via a differeathanism, called scene complexity change detedtiease refer
to the scene complexity change discussion belowveier, the rate control algorithm reacts to thengleastarting with
the very next frame and limits the rate overrurapproximately 25 frames. Thus, the requirementofgrruns not
exceeding a second is met, even under worse thamahgircumstances. The subsequent scene requioes lait rate,
resulting in a fast reaction of the rate contrgoaithm. Some level of oscillation is encountereshmframe 500.
Another scene complexity change near frame 575aggiacts three subsequent frames on different deahpayers.
Recovery from the second scene complexity changeegrto be difficult for the rate control, espédgialith the low-
rate scene before and the higher-rate scene hétescene complexity change. The rest of the segquerich has some
slow variation in scene complexity (rate requiretalis handled very well by the rate control.

Obviously, different values for the strength partaneesults in different speeds of the rate contealktion. While a
“strong” value will give speedy recovery after &se complexity change, the rate control will ostélduring periods
of slow changes with additional rate overruns du¢he oscillation. On the other hand, a “weak” ealill result in
overly long recovery times but less or no osciliati

The achievement of the frame-based rate controbessummarized as follows:
* The startup problem is very obvious in this segeene. the initial rate is outside the rate conivmdow and
the statistics of the rate control are not yetlstab
» Scene complexity changes (impacting multiple franaes handled, recovery could be faster.
* There is a tendency to oscillate if the changeame size is larger than the reaction of the ratgrol.
» The rate control is sufficiently stable for slowaciges in the scene complexity.
» In order to improve the rate control, several clesngill be made to the algorithm in the next stage.

Improvement of initial rate control algorithm (“ite ration 2")

As a second iteration for the development of tlgothm, a lot of modifications of the rate contalforithm were
evaluated. Some of the changes did not yield imrgmuants and were discarded immediately. For exarapénging or
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removing the “minimum bit rate” from the rate caitcalculations did not lead to positive resulteT'minimum bit
rate” was thus restored and fixed to 80% of theximaim bit rate” which generally results in optimimahavior.

In the above examples, the “big” scene complexitgnges occurs in a frame encoded on temporal &ayBue to the

prediction structure, the changed scene has tmbeded on temporal layers 3, 1 and 0 consecutiViglis does result
in three very large frames inside less than eiglihés, which impacts the rate and rate controlrdlgo negatively.

While this kind of scene complexity change is notgidered to occur frequently in CONCERTO use case®hicle

like an ambulance moving suddenly from full suntigtio a tunnel will result in massive changeshia video recorded
inside the vehicle and can be considered a scemplegity change. The penalties encountered by gelacene
complexity change are very disruptive to the videmnsmission and to the viewing of the video. Aibascene

complexity change detection and handling is disedigs this section. As a first step, a mechanisestamate the frame
size of the next encoded frame is built into thte @ntrol. The estimated frame size is multipligda constant factor
in order to provide an upper limit for the nextrfrg, triggering the scene complexity change detectio

To calculate the frame size limit, the relationvietn average layer and frame sizes from Table 168&d to initialize
the frame sizes for each layer at the start of @imgoa sequence. This data has been verified ofatbe test set with
many sequences and several initial QP settings teald within rounding error. The algorithm debed in (2) is used
to keep track of current frame sizes once per teaipayer. During testing, the average layer aman sizes for the
different QP delta modes were tested for a largebar of sequences. For the mode M1011, which has bkeosen
successively, the variation in relative layer arairfe sizes is low. This allows using fixed valuesiritialize the

estimation for the temporal layers.

To further improve the responsiveness to rate awstrtwo strategies proved useful. The rate ovegwalculated as a
factor relative to the maximum bit rate settingca@ding to (3). The increase in QP, as describedhfe frame-based
rate control algorithm, is multiplied by the fagtogsulting in a large QP increase in case of gelait rate overrun and
a small increase in case of a small bit rate overfinis will lead to a very quick response to merruns. After tuning
the strength parameter, the response to a bit oatgrun is an estimated two times faster than with first
implementation.

3) factor = current rate / maximum bit rate

To allow a more fine-grained response, in casesghare bit rate overrun (the values for the dewistill needing to be
optimized), in addition to increasing the overal ,Qhe innermost temporal layer is applied an exirgpenalty on the
QP, momentarily reducing the rate. When viewingrgwmulting video sequence, this is not noticeabitd the human
eye; however it helps in dumping excessive bit.rate

With both improvements the bit rate is controlledlivwith very little oscillation. With the improveenmts in the rate
control algorithm the QP before the scene complestiiange is even lower than with the first impletaéion, due to
better regulation, thus leading to a larger pedier& is a single oscillation after the peak. Wiiiie impacts the visual
quality of the video negatively, it also allows f@covery in case of packet loss due to the exeglgsiarge frames at
the scene complexity change.

Strength PSNR Average Number of Average rate Maximum rate
parameter [dB] Rate [kbit/s] rate overrun overrun
overruns

1/8 36.51dB 427 (85%) 97 (9.7%) +250% +969%
2/8 36.60 dB 435 (87%) 72 (7.2%) +98% +533%
3/8 36.63dB 437 (87%) 35 (3.5%) +23% +124%
4/8 36.86 dB 440 (88%) 17 (1.7%) +22% +54%
5/8 36.83dB 440 (88%) 20 (2.0%) +24% +105%
6/8 36.81 dB 441 (88%) 22 (2.2%) +30% +110%
7/8 36.96 dB 443 (89%) 19 (1.9%) +27% +110%
8/8 36.83 dB 443 (89%) 19 (1.9%) +28% +99%

Table 13: Rate overrun and distortion variationrarenges in strength parameter for Ambulance segue
(GOPRO0046).

A test run with different settings for the strengirameter was done, and the rate overrun estimiatdchble 13, the
average rate was compared to the target rate okbi@8. As expected the rate control regulatesatole the center of

Coné))e)rto

56



FP7 CONCERTO Deliverable D6.4

the window between minimum (80%) and maximum (10@bYyate. Increasing the minimum rate results imgher
average rate but also more rate overruns.

A rate overrun is counted any time the current, rateasured after encoding every frame, using a@e window,
exceeds the maximum rate plus the 10% allowancsated in the requirements. With a low strengtrapeater, the
reaction to changes in encoded image size is obljidao slow. Setting the strength parameter toot/Bigher results
in a stable amount and size of rate overruns. Aimlyf the correspondence between frame sizes e rmduas shows
that the overruns occur at encoding a single ldrgme. Some of these large frames can be considerscene
complexity change and will be treated by a separsehanism, see the discussion of scene complehxityges below.

The results from the last test run show two effeats low strength parameter, obviously the ratgtrol reaction to a
change is too slow, both in limiting rate overruass well as recovering from a low bit rate. With ighhstrength

parameter however, the rate control tends to aseitknd over-compensate high or low bit rate. Thength parameter
is used to balance both effects.

As stated above, recovery from low bit rate isaf the strength compared to the reaction to ratgrons. This proved
essential in order to limit oscillation in the ratentrol implementation and has been verified dutine iteration 2
work. Without the slower recovery from low bit rathe maximum rate overruns tend to be much lagigiijar to the
results from a higher strength parameter, the maximate overruns increase in severity, but notimiper.

Another test run with different settings for theximaum rate was done to evaluate whether the rate@ds impacted
by the range of QP being used for different outptes. The results were similar throughout.

Finally some effort was spent to simplify the ratatrol calculations, which has no discernible effeon the behavior
of the rate control algorithm, other than speedipghe internal calculations.
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Figure 45: Resulting rate with iteration 2 rate ttohfor Ambulance sequence (GOPR0046).

Figure 45 shows the rate control's results for tAenbulance” sequence, a sequence recorded duriagviteo
acquisition event in Perugia. Please note thisesgcpiwas previously compressed with H.264 (MairileéjoAs of yet
no detailed analysis about the interaction betwele264 and HEVC is available, so the effect of thevjpus
compression cannot be quantified. Visual examinatibboth the input and output videos does not showobvious
differences. Please note that the “current Ratelshin the diagram is calculated by the rate cdmiver a very short
window size of 8 frames (1/3 second) to allow & fagsction to changes. Evaluation with a one seamindow size
results in a very smooth curve after the startuptieen handled. The rate overrun evaluates tdHassone per cent.
Evaluation with more and different sequences predisimilar results.
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Scene complexity change detection

A “real” scene complexity change detection requis@silyzing the image content of successive videmés. For
reasons of complexity and run-time, this is nosfele in the scope of the current project.

However, a strategy to detect and handle scene legitypchanges has been identified in the coursthefwork and
will be implemented later on. The strategy is based feature of the rate control algorithm (frasiee limiting) and
the observed behaviour of the encoder to genevaliyut very large frames in case of a scene coritpleliange.

The rate control algorithm calculates a frame $init at the start of encoding every frame. If arfre proves to be
larger than the limit for the encoded frame, theoeler will drop/skip the frame. It will be assuntbdt this is a scene
complexity change frame.

The dropped frame results in a saving in bit ratkich is used for the next frame. It is assumed #iabuffers
(streaming and network) are operating at a medilirtevel, i.e. the output rate of the encoderdsd or equal to the
network’s capability. Likewise, a large frame oa@ny during a scene complexity change will increttse buffer fill
level considerably. Similarly, the rate under-ribserved just after a scene complexity change (geleaite overrun)
occurred will allow the full buffers to drain someat and is considered to be somewhat helpful.sth arepares the
rate control to handle a scene with higher compjekiat may be subsequent to the scene complelxitpge.

When encoding the next frame after the droppeddrasaveral actions are taken by the encoder ldgie.next frame
after a scene complexity change will be coded agteal layer 0, in order to be available for préidit, instead of
having to code the changes several times as cabderved in the diagrams for the temporal layer ratel control
chapters. Also, the frame will be encoded withighsly reduced quality to conserve bit rate.

Depending on the coded size of the frame afteistteme complexity change, it may be decided to ddep/skip the
next following frame.

The light-weight scene complexity change detectias no influence on the encoding speed, next iafheence on the
encoder logic and shifts the bit-rate allocatiorfamour of a high-priority “Intra” frame (in the sttussed case it is
temporal layer 0).

In case of offline-encoding, which is outside tkhepe of the current work, dropping a frame maylb®an option. It is
possible to handle a scene complexity change buyfisaty encoder speed. The simple solution is éeencode the
overly large frame as a temporal layer 0 frameyuabned above.

Conclusion

Considering the fact that the rate control alganitdoes not change the QP inside a frame, but dnllgeaend of a
frame, the rate control algorithm is working reaaay well. The BigBuckBunny sequence was chosah&snajor test
sequence during development because it has soher tatge variation in scene complexity resultingzery obvious
rate changes. Checks with different sequences peatdgood results throughout but changes tend todemall to be
significant. There is some room for optimizatiogpecially in handling the big scene complexity desthat currently
affect three frames, but overall the results amdgenough for practical use.
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6.2 Glossary

AVC Advanced Video Coding

BD Bjontegard delta

CTU Coding Tree Unit

CuU Coding Unit

DASH Dynamic Adaptive Streaming over HTTP

DDE Distributed Decision Engine Event disseminatior

framework

ECU Early CU (condition) HEVC fast encoding mode
ES Early skip (condition) HEVC fast encoding mode
FastQT Fast Quadtree HEVC fast encoding mode
GOP Group of pictures

HEVC High Efficiency Video Coding

IETF Internet Engineering Task Force

LAN Local Area Network

MPD Media Presentation Description

MPEG Moving Picture Experts Group

NAL Network Abstraction Layer

NIS Network Information Service

PoA Point-of-Attachment Access point or base station
PU Prediction Unit

PUS Prediction Unit splitting HEVC fast encoding mode
QP Quantization Parameter

RD Rate distortion

RDO Rate distortion optimization

RFC Request for Comments

RTP Real-time Transport Protocol

RTSP Real Time Streaming Protocol

SAF Surveillance Application Format

SDK Software Development Kit

STP Spatial or temporal prediction (condition) HEY&3t encoding mode
WLAN Wireless Local Area Network
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