                 Des ign of an adapti ve interf ace betw een vi deo

                       compression and transmissi on protocol s f or

                                                                                 mobil e communicati ons

                    Arjen van der Schaaf, Koen Langendoen, and R. (I nald) L. Lagendijk

                                                                     Delft Unive rsity of Tec hno log y, The Ne th erlan ds

                                                                             {arjen,koen}@ubicom.tudelft.n l

    Ab stra ct --  In th is pa pe r we  d ev elop  a n ad ap tive  in te rfa ce b etwee n v id eo  c omp re ssion a nd tra nsmissio n

    protoc ols to ha nd le  QoS  fluctu atio ns tha t a re  c omm on to mob ile  c omm unic atio n sy ste ms. We co nsider

    va rio us ge ne ric  de sig n alte rn atives fo r QoS  a da ptatio n an d id en tify `Q oS ne go tiation ´ as the  m ost

    prom ising. Th is metho d give s the  best p ossib ilities to  obta in  system - wide  efficiency. To handle the induced

    syste m co mplex ity  we ap ply a d esig n ph ilo sop hy  (c alle d ARC)that separates implementation dependencies

    by  in trod uc in g ab stract Qo S in te rfa ce s be twee n system modules. In the ARC philosophy the implementation

    de tails are hidd en  in  the  su bsyste ms. To  assure  e fficien t a da ptatio n, th e Qo S must b e ne go tiate d be twee n

    mo dule s. We  se le ct the  a bstra ct Qo S pa ra meters tha t are bo th  n ec essa ry  a nd  suffic ie nt for effic ie nt

    ne go tiation  b etwe en the  v id eo  e nco de r an d protoc ol m odu le s. We de sc rib e th e re la tio n be twe en  th e

    ab strac t Qo S pa ra meters a t the  in te rfac e an d the internal parameters of common video coding methods and

    pr oto col elem ents. Furth ermore, we d escrib e a n eg otia tion  proc edu re  th at allo ws a  sy stem - wide optimum

    to eme rg e.

    Int roduction

    Usually mobile systems op erate in highly variable context. The two main factors in context variability are

    the user and the mobile c hannel. The characteristics of mobile transmission strongly depend on the user´s

    location and its environment. This is reflected in variable throughp ut, reliab ility, and required transmission

    power. The user context is variab le b ecause mobile systems are o ften designed to supp ort multip le

    interactive services, which impose different workloads on the system in different situations.  Handling the

    variable context is not the only req uirement for mobile systems. They must also b e efficient, since

    resources (esp ecially battery p ower) are scarce in mob ile systems. Handling variable workloads efficiently

    under variable conditions demands for an adaptive system.

             The mobile system that we consider in this p ap er supports multimedia streaming over a wireless link. It

    consists of various adaptive modules, including a video encoder and p rotocols (see Figure 1 ). The video

    encoder is driven by a workload obtained from an app lication module, and the protocols induce a workload

    on a radio module. The application module direc tly experiences the user context variab ility, while the radio

    module is sub jected to the fluctuations of the mobile channel.

             In Figure 1  it is app arent that the video encoder and the p rotocol modules are not directly subjected to

    any context variability at  either side of the system. However, if we optimize the system under global

    efficiency constraints, then the video coding and protocol module will indirectly experience context

    changes from neighboring modules, since these will have to adap t. Therefore, al l modules will show

    context dep endencies in their optimized behavior. S ince all modules are context dependent, their operation

Adaptive system  m odules

                                                         Application  Video

                                                                                                                    encoder

Protocols  Radio  Variable

mobile

chann el

Variable u ser

       con text

                                      Figu re  1 :  An o utline  of the  mob ile v id eo  c omm unic atio n sy ste m a nd  its e le men ts.

capabilities must b e flexible and adapt to the occurring situations.

          Each module in an adaptive system usually contains many p ara meters that influence its b ehavior.

System - wide optimization of the adaptation parameters is difficult for two reasons. First, optimizing many

parameters together is more difficult than optimizing small groups of p arameters. Second, every single

module is a comp lex system in itself, containing imp lementation details and sp ecific knowledge. To keep

the optimization p rocedure manageable, we must somehow separate the global op timization prob lem into

several smaller prob lems. Ideally, we can perform independent  optimization for each individual module.

However, as we have argued, the optimization of one module depends on the context and implementation

of other modules. So, the adaptation of individual modules cannot be optimized separately. Instead, context

and i mp lementation details must be exp osed and shared, b ut in an approp riate format.

Relat ed work

Op timizing dynamic context variability demands for a dynamic adap tive ap proach. The adap tive methods

for compressed video over networks with variable characteristi cs that are found in literature can roughly b e

classified in four categories. In this section we p resent the general method of each category and compare

their potential efficiency (see Fig. 2). Combinations of the p resented methods are often found in liter ature,

but we restrict this survey to methods with clearly distinct characteristics. Also, we do not consider joint

source channel coding methods, which do not comp ly with the modular app roach we aim for. In any of the

approaches we see that a client imp os es a workload on a server. The way in which the operation of b oth

client and server is adapted differs.

          First, we look at a forward scalab le system app roach  [1 ]  (see Fig. 2 A). In this case the client does not

adap t at all, b ut imp oses a scalable workload that is adap ted at the server side to the current state. The

amount of adap tation specific information that must be shared b etween video coder and protocols can be

very small. Examp les of these systems app ear as layered  video encoders [ 2 ]  with selective  packet d ropp ing

at the protocol level . Even without priority information we can use multiple descrip tion video coding [ 3 ]

with random packet drop ping. More specific information i s req uired when trans - cod ing  is used. In forward

scalable systems the generate d workload must be suitab le for every context, which req uires usually more

effort (power consump tion, CPU load) than strictly required. This inefficiency makes the forward scalab le

method unsuitab le for mobile devices with limited resources.

          Figure 2B sho ws a backward adap tive method. In this case the p rotocol module adapts its operation to a

B. Bac kward ad aptive

                                             A. Forwa rd  sca lable

                   Video

                    coder

                                                                                                             Network

                                                                                                             protocols

                                                            Scalable

                                                           workload

                                                                                                                  State

                                                                                                            Adapt

Video

coder

Network

protocols
Adapted

workload

State
QoS

State

                                        C. Forwa rd  reserva tio n  D. Bi - direc tion al neg otiatio n

                   Video

                    coder

                                                                                                             Network

                                                                                                             protocols
                                                               Fixed

                                                           workload

                    State

                                                              Requ ired

                                                                   QoS

                                                                                                                    State

V ideo

coder

Network

protocols
Adapted

workload

State

QoS

con tract

State

                                                                   Figu re  2 :  Differen t a pproa ch es to  a da ptiv e interfa ce s.

local context, and signals its p erformance as Quality of S ervice (QoS) information to the video encoder,

which adap ts the workload accordingly. Examp les of this ap pro ach are found in general Constant Bit - Rate

(CBR) video systems , in which case the feedback mechanism keep s the bit - rate constant . The QoS

feedb ack method is also  applied  for  rate control  with  variable  cha n n els  (e. g.  [4 ] ) .  The attractive  feature of

backward adaptation comp ared to the scalable ap proach is that there is no overhead in generating the

workload. A drawback is that the protocols module does not know anything about the context of the video

encoder, so that it cannot adapt to con text specific req uirements like the required level of protection of the

bit - stream.

          The third method (Fig. 2 C) is inspired by q uality of service r eservation systems, like ATM . The

protocols reserve a fixed amount of resources for the video encoder. In this situation the transp ort p rotocols

can adapt to the context specific needs of the video coding module, b ut the encoder cannot adapt to the

context of the transport p rotocols. Also, the client must produce a fixed workload. The only way to

accomp lish mu tual adaptation with forward reservation systems is to renew the reservation contract. In that

case the client issues a contract with new req uirements and the server can accept or refuse it. This is a very

limited way for the two modules to come to a mutua lly optimized solution. The advantage of the contract

approach is that b oth client and server can individually optimize their op eration to the given context with

their mutual dep endence fixed in the contract. Individual op timization is simpler than mutual op timization,

but usually less efficient.

          Figure 2D is based on QoS  architectures, as presented in [ 5 ]. It is a comb ination of b ackward adap tation

(Fig. 2 B) and forward reservation (Fig. 2C). In this case a contract is a result of b i - directional negotiatio n

between the p rotocols and the video encoder, and therefore reflects both their contexts. If the negotiation is

a continuous dynamic p rocess, then the encoder can continuously adap t the workload to the changing

contract (like Fig. 2B). On the other hand, if we temp orarily fix the contract, then both sides can

indep endently optimize their operation with resp ect to the fixed contract and their variab le context (like

Fig. 2C). This combined ap proach shares the efficiency advantages of scenarios 2B and 2 C.

          Eff icient resource usage is the highest priority in mobile systems. Therefore, we adopt the bi - directional

negotiation method to achieve an efficient mobile video communication system. U nfortunately, contract

negotiation may induce serious overhead, since muc h of the individual context information must be shared

among separate modules. To avoid the negotiation to become too comp lex, we must restrict the p rocedure

to only the really necessary parameters. For the sake of manageab ility these p arameters must be

im plementation independent, such that we can modify modules indep endently without changing the

interface. In this p ap er we present a feasib le design of a QoS negotiation interface. First we recap itulate a

general framework for abstract QoS negotiation. Subse quently we focus our attention on adap tive QoS

negotiation between video encoder and protocols.

QoS negotiation and ARC

The general QoS negotiation method that we adopt is called Adaptive Resource Contracts (ARC), and has

been described in previous work [ 6 ]. The method is illustrated in Figure 3. N otice that each module acts

both as a server to `higher´ layers and as a client to `lower´ layers. This is in conformance with the

hierarchical setup shown in Figure 1. The hierarchal concatenation of modules is important, because

subsequent modules determine each other´s context. A QoS interface deals with the interaction of one

module acting as server and one module acting as client. The contract that is to b e negotiated in the

interface holds a numb er of abstra ct QoS  parameters. The process of QoS negotiation starts with the client

issuing a req uest. The request is a partial specification of the exp ectations the client has about the

performance of the server. The server (now knowing approximately what is exp ecte d) resp onds with an

offer, stating possible performance options. This informs the client ab out the context dependent capabilities

of the server. The client can resp ond to the offer with selecting an option and issuing it as a contract, or

restarting the ne gotiation by formulating a new (modified) req uest. Once the contract is established, the

client can p ut the app ropriate workload on the server. The server, in turn, must inform the client on the

status of the workload p rocessing. This feedb ack of context d ependent QoS  information to the client is

essential for fast local adap tation. If the QoS status of the server becomes unsatisfactory for the client (due

to context changes), then the contract must be re - negotiated. This form of adap tation is slower, b ut i nvolves

more p recise mutual tuning of QoS  p arameters, which improves efficiency.

          As an example of Q oS negotiation consider Figure 4 . The ab stract QoS is here rep resented in a two -

dimensional space. The two p arameters are denoted by cost and q uality. Contr ary to how QoS is often used,

an ARC interface reflects costs besides quality p arameters. In our opinion Q oS can only b e used for

system - wide optimization if we specify both costs and benefits. The request from the client in Figure 4 is a

range selection f rom the QoS sp ace. The server knows now what the client is interested in, and it responds

with a number of detailed offers. All the offers are enclosed within the initial req uest range, but they give a

tighter descrip tion of the QoS  that the server can off er within the current context. Then the client can select

a QoS range that includes at least one offer and set it as the contract. Choosing a range rather than a single

point for a contract gives some room for adap tation within the contract boundaries. Whe n the contract is

estab lished, the server tries with best effort to keep the actual QoS within the contract range. The actual

QoS status is returned to the client as a single point in the Q oS domain. Using an ab stract QoS domain as

common language b etween the client and the server effectively hides explicit imp lementation details from

the negotiation procedure. The implementation details are reflected in the content of the contract, not in its

form.

An adaptive video - prot ocol interface

In this section we concentrate on the design of an ARC - style QoS  negotiation interface between a video

encoding module and transport p rotocols. The video encoder module works as client and the p rotocols as

server, as app arent from Figure 1 . The workload consists of transp ort ing a comp ressed video - stream. The

video encoder, in turn, acts as server to the higher app lication layer, which p rovides the raw video data and

context dep endent quality req uirements. The protocol module acts as a client towards the lower radio layer,

fro m which it needs context dependent transport services. The resources in the system are limited. First,

battery p ower is scarce and can b e exhausted. Second, we envision that the system runs on a limited

              Qu ality

                                                                  Cost

                                                                                                                  Exposure

                                                   Requ est  Contract  Statu s

                                                                                                    Figu re  4 :  ARC n ego tia tion

QoS

negotiation

Clien t

                                                                            Clien t  Server

                                              Server

                                                      Video coder  Protocols

Exposure

Contract

Statu s

Workload

Requ est

                                                                                            Figu re  3 :  ARC interfac e ou tline.

number of CP U´s, such that computational p ower is als o limited. Third, the transp ort cap acity of the radio

is limited. The interface between the p rotocols and video encoder must allow enough flexibility to op timize

the global system operation with respect to the given context variability under the mentioned resource

constraints.

Selecting the QoS - domain

The first step in specifying an interface is selecting the language. In our case that means selecting which

parameters must b e sp ecified in the QoS  contract. We determine the parameters with the following crit eria

in mind:

·  The parameters must b e necessary. Each p arameter must describe a uniq ue mutual dependency b etween

          the modules. Ap plying more p arameters than necessary increases the complexity needlessly.

·  The parameters must b e sufficient. Enough of the conte xt variab ility must be captured b y the

          parameters, such that each module can adapt towards the glob al optimum. App lying fewer p arameters

          than needed reduces the p otential efficiency of the system.

·  The parameters must be abstract. Each p arameter may not dep end explicitly on the implementation

          details of either module. App lying implementation dependent parameters reduces the manageab ility of

          the system.

          In a previous theoretical study [ 7 ] we derived a number of ab stract parameters. The theoretical setup

invol ved op timization of source and channel coding for p rogressively encoded video under transport

constraints. We considered variable source characteristics (strong and weak p rogressive character) and

variable channel characteristics (throughput and reliabilit y). For the p rotocols we considered various

packetization and error protection op tions.

          We found that constrained latency is the main factor that prevents source and channel coding to be

op timized sep arately. Therefore, latency requirements must b e commun icated between modules in the QoS

interface. Latency constraints usually originate from the ap plication level, and depend much on the

application context. Latency information must be p ropagated through all other layers, such that each

successive module kno ws how much time it has to process the workload.

          A QoS  contract generally sp ecifies at least the workload processing capab ilities of the server. The

workload that the video encoder p uts on the p rotocols is a comp ressed video stream, which must be

transpor ted. The protocol module uses the lower layer radio module for the actual transport, b ut it has

several internal options to adapt the quality delivered by the radio to the requirements from the video -

coding module. Of course, increasing the quality will ha ve negative conseq uences for other QoS

parameters. In our theoretical assessment, we showed that the p rotocol cap ab ilities are best expressed by

the p roperties of the transp orted data - stream: net - throughput and net - bit - error p robability. Our assessment

sho wed that communicating more p recise information through the QoS interface couldn´t increase the

efficiency of the system.

          Our theoretical study involved only external restrictions on transport resources. In a practical setup we

envision that the modules mu st be flexible enough to op timize internal resource usage as well. Here we are

interested in computational and power resources. Therefore, we include two more p arameters in our

interface. The first is power dissip ation. This p arameter exp resses the total p ower consumption of the

transmission, including protocols and radio contributions. Communicating total p ower consumption,

including all sub - systems, allows finding a glob al optimum rather than optimizing for local low - power. The

second additional p arameter  is CP U share. This parameter sp ecifies the fraction of CPU time that the

protocols may consume for comp utation. With this p arameter an explicit tradeoff b etween source coding

comp lexity and channel coding complexity can b e made. This p arameter is only nec essary if both the

protocols and video coding modules run on a single CP U with limited computational cap acity.

          A final p arameter that we include is radio share. This p arameter specifies how much of the total radio

capacity is used b y the video stream. The  purpose of this p arameter is to allow the ap plication module to

distribute the radio cap acity over multiple media streams.

          Because we assume the context of our system to vary rap idly, and we must avoid renegotiating

contracts too often, we must not fix th e contract too tightly. Therefore, we specify contracts over a QoS

range, rather than specifying a single p oint in the Q oS - domain. Our experience showed that specifying

either a maximum or minimum value for each QoS  p arameter suffices for this purp ose (see  Table 1).

          To improve tradeoffs b etween QoS parameters within the contract range, we sp ecify an order of

significance of the parameters. This ordering reflects the p riorities of the video - coding module. The

protocol module uses the p riority information to make efficient internal tradeoffs. The list of QoS

parameters is shown in order of priority with a motivation and a descrip tion in Tab le 1.

                              Ta ble 1:  The  se le cted  QoS  inte rfac e pa ra meters (in orde r of de sc end ing p riority ).

Parameter  Descrip tion  Priority mo tivation

Maximum latency  The time required to send a single bit, from the

                                                                            moment that it is offered to the protocols until it

                                                                            is availab le at the receiver side.

Data that arrives after a

deadline is useless.

Maximum b it - error rate  The net b it - error p roba bility after FEC and

                                                                            ARQ  (see next section).

Corrup ted data is p artly

useless.

Maximum CP U usage  The allowed share of CPU time for protocols

                                                                            and transmission processes on the CPU  where

                                                                            the video encoder is running.

Conflicts of processes on

the CPU induce  timing

(latency) prob lems.

Maximum radio usage  The allowed share of radio cap acity to be used

                                                                            by the data - stream.

Radio conflicts induce

throughput prob lems.

Minimum throughput  The minimum net throughput without p rotocol

                                                                            and channel coding overhead.

The  video encoder can

gracefully trade bit - rate

with quality.

Maximum p ower  The maximum allowed power consump tion for

                                                                            the transmission, including protocols, FEC,

                                                                            radio, and other subsystems.

Power - consumption is a

long time - scale issue.

Inter nal par ameter  a dapt ation

The QoS  interface is an ab stract interface. Its content must b e translated into imp lementation - specific

internal p arameters of the client and server. In this section we show how our adaptive interface (see

Table  1) relates to internal p arameters of standard video coding methods and protocol elements. We also

show how the adaptive video coding and protocol modules relate to the rest of the adap tive system.

Vide o co ding  side

Figure 5 shows the video encoding module with internal p arameters and the d efined QoS interface with the

protocols. The internal p arameters are imp lementation dependent. Also shown in Figure 5 is the interface

with the ap plication module. This is an ab stract negotiated interface as well, b ut with different p arameters.

Its functio n is to communicate necessary context information b etween the ap plication and the video

encoder. This interface sets part of the context of the video encoder. Therefore, we discuss it b riefly.

          As shown in Figure 5 , the application sp ecifies a latency requ irement for the video communication.

This requirement dep ends on the ap plication context: interactive video communication requires lower

latency than viewing a p rerecorded video sequence. Furthermore, the ap plication context determines the

req uired quality  of a transmitted video, possibly including spatial, temp oral and S NR measures. Power is

included in the interface, such that the ap plication can restrict the total p ower that is dissip ated for

transmitting the video stream. The allowed power dissipation m ay depend on the relative importance of

video material, the remaining b attery charge, and the length of the video sequence. Finally, the ap plication

may involve transmission of more than a single media stream. In this case the relative importance of the

va rious media streams determines the fair share of computational and transmission resources for each

stream.

          When the values of the abstract parameters in b oth QoS interfaces are set, the internal parameters can be

derived from imp lementation - specific optimi zation. In this p ap er we assume a very general hybrid DCT

block encoding method, like the MPEG - 2 or H.26 3 standards. The three main internal adaptation

parameters for these kinds of coders are shown in Figure 5 . These are: skipp ing blocks or complete frame s,
prediction mode, and quantization step - size. Dep ending on these three p arameters, the encoding process

will consume a sp ecific amount of CP U cap acity. The allowed CPU share for the video coding p rocess is

determined from b oth QoS interfaces and is restr icted by p ower usage and CP U availability. Finally shown

in Figure 5  is the internal context specification of the video - coding module, which includes a content

descrip tion of the video, an overflow signal of the output stream, and timing information. Figur e 5  gives an

overview of the relations between the p arameters; we discuss the underlying details b elow.

          Skipping blocks or frames reduces the temporal resolution of the video, effectively reducing the bit - rate

(throughp ut) of the compressed stream. Furthe rmore, skip ping p arts of the encoding p rocess reduces the

induced comp utational load. The quality reduction b y skipping frames dep ends much on the motion content

of the video. Skip ping b locks or frames is an efficient method to solve prob lems with timing, or to reduce

the throughput temp orarily when the outp ut b uffer overflows. Hybrid video coders can issue either intra

frames, without temporal p rediction, or inter frames with various types of p rediction. The p rediction mode

may include many parameters, lik e: number of motion vectors, motion vector search p arameters, and

references to multiple frames. In general, the more accurate a prediction is, the more it reduces the b it - rate

(throughp ut), but also, the more CPU capacity it req uires to calculate. Further more, whether p redictions are

effective in reducing the bit - rate largely depends on the motion content of the video sequence. A side effect

of using prediction is that errors in the comp ressed bit - stream usually p ropagate through multiple frames of

the rec onstructed sequence . Therefore, a seq uence of inter frames is less robust than a seq uence of intra

frames and requires to b e transmitted with a lower b it - error rate  [ 8 ] . The q uantization step - size of DCT -

based coders trades both sp atial and SNR quality of the video seq uence with bit - rate (throughp ut). The final

bit - rate also depends on the content of the sequence. Fine - tuning the coding of a seq uence with varying

content characteristics, such that the produced bit - rate matches the throughp ut in the QoS contract , is

usually done b y continuously adapting the q uantization step - size. The interaction of the interface

parameters with the internal p arameters of a video coder is complex and dep ends on implementation details

of the encoder. The exact relation that determ ines the op timized adaptation b ehavior of the module can

partially be derived theoretically, using algorithmic models, comp utation models, source models and

channel models. However, experimental optimization and emp irical feedb ack are needed to cop e with t he

comp lex interactions and with imp lementation details that are out of the scope of the models.

                                                     Qo S in te rfa ce  Qo S in te rfa ce
Vide o en co de r

                        A

                         p

                         p

                          l

                          i

                         c

                         a

                          t

                          i

                         o

                         n

Th roughput

Bit - error rate

Laten cy

CP U usage

Radio u sage

Power

Qu an tization

Skip

Prediction mode

                                                          Fair share

                                                              Power

                                                      Video q uality

                                                            Laten cy

Timin g

Overflow

Content

P

r

o

t

o

c

o

l

s

CP U Sh are

                                                          Workload  Workload

                                                                                   Figu re  5 : vid eo - co ding  parame ters relatio n

Protoc ol side

The transmission protocols imp lement the other side of the abstract Q oS interface. Figure 6 shows how the

QoS parameters relate to the internal p rotocol parameters, which in turn relate to the QoS interface with the

radio module. The transmission p rotocols use two mechanisms to enhance the reliability (i.e. bit - error rate)

of the radio: forward error correction (FEC) and retransmissions (ARQ ). The usage of FEC imp roves the

bit - error - rate at the expense of throughp ut, because of the redundancy bits transmitted with the raw data.

For critical data (e.g., frame - headers) ARQ  can b e used to reduce the bit - error - rate to zero at the expense of

increasing l atency.

          The protocols share a CPU with the video and app lication. To ensure prop er operation, the protocols

must stay within the CPU usage specified at the QoS interface. P ower is the other constraint that limits the

possibilities of the p rotocols. Both c onstraints are combined into the internal CPU share parameter. CPU

capacity is mainly req uired to calculate the FEC.

          In general the transmission protocols service multip le streams, which are multip lexed over a single

radio link. When the comb ined workload exceeds the capab ilities of the radio, the protocols revert to b est -

effort mode. To ensure fairness amongst the multiple streams, the protocols use weight factors that are

prop ortional to the relative importance of the streams. These weight factors are bas ed on the req uested

throughputs and limited b y the maximal radio usage per stream.

          We have shown that the internal p arameters of a common block based video coding system and the

common protocol elements depend on the QoS  interface parameters. Furthermore, we showed that all

parameters of the QoS interface have a distinct function. This suggests that the proposed interface

parameters are indeed b oth necessary and sufficient, as we req uired.

Negot iat ion pr ocedure

Internal adaptation is req uired to meet the Qo S contract settings in a variable context. This, however, is

only one part of the ARC - design. Establishing the contracts through negotiation is the other part, which is

discussed in this section.

          The negotiation is initiated by issuing a request that sp eci fies the expectations of the video coder

towards the p rotocols. The initial expectations usually originate from a req uest that the video encoder

received from the ap plication to transmit a video seq uence with a certain q uality. The video coder translates

t hese requirements from the app lication into a request for service to the p rotocols by considering its own

                                               Qo S in te rfa ce  Qo S in te rfa ce
Protoc ols

                                                  Th roughput

                                                 Bit - error rate

                                                      Laten cy

                                                  CP U usage

                                                  Radio u sage

                                                        Power

R

 a

d

i

o

Workload

                                                  Workload

AR Q

FE C

Qu eu e weigh t

Power

Th roughput

Bit - error rate

                                                                                                                      CP U Sh are

                  V

                   i

                  d

                  e

                  o

                  e

                  n

                  c

                  o

                  d

                  e

                   r

Best effort

mu ltiplex

                                                                                    Figu re  6 :  protoc ol p arame ters re latio n

    capabilities. The initial request does not need to b e precise. The necessary precision dep ends on the p riority

    of the QoS parameters and on the flexib ility of the video - coding module: if the encoder is cap ab le to adapt,

    then its req uirements can b e weak. The request must specify only minimum requirements. The p rotocols

    will offer better solutions if availab le, b ut not solutions that are worse than the r equest.

              The protocols resp ond to the request with offering a numb er of options. For this, the p rotocols must first

    know how much transmission capacity can be acq uired from the radio. Therefore, the protocols, issue a

    req uest to the radio layer. When the ra dio layer offers resources, then the p rotocols can offer various

    services to the video module, depending on the offered op tions of the radio and the cap ab ilities of the

    protocol module. The protocols offer only op tions that are within the requested range. If no option satisfies

    the req uest, then nothing is offered, and the video coder must issue a new (weaker) request. If the numb er

    of options in the request range is excessively large, then the p rotocols must reduce their numb er, as to

    reduce the total comp lexity of the negotiation. The video encoder sp ecifies the maximum numb er of offers

    it is willing to consider. The p rotocols filter out all options for which there exists an other op tion that is

    better with respect to all parameters. Also, options that dif fer too little from other options may be removed,

    effectively sub sampling the distribution of offers in the QoS - space.

              After receiving the offers from the p rotocols, the video - coding module in turn offers options to the

    application layer. Here the video c oding matches its own capabilities with the offers it got from the

    protocols. The application layer selects an op tion and issues a contract to the video coding module, which

    in turn can then issue a contract to the p rotocols, et cetera.

              When the contracts are set, the server modules feed back status information to their clients, which

    allows them to adapt q uickly to context changes. It is important that the p rotocols feed back p ossib ilities of

    the current status rather than past achievements. The video enco der needs to know how much throughput it

    can use in the future rather than how much it used in the p ast. This allows b oth up scaling and downscaling

    to QoS  changes.

              If the context changes so much that the QoS  status goes out of the contract range, then a mo dule can

    decide to renegotiate. In this case the whole cycle starts all over, except that now more context information

    is present in each module. Therefore, the negotiation can b e more accurate, and does not always need to

    involve all modules in the hierar chical chain.

              An overview of the negotiation is shown in Figure 7. In this figure two typ es of adaptation are shown;

    internal adap tation in each module and QoS negotiation between the modules. The latter method

    accomp lishes QoS  propagation through the hier archical chain, which allows a system - wide optimum to

    emerge.  A change in the user context propagates through the system from left to right and a change in the

    channel context prop agates in the opp osite direction. In each module internal adap tation solves  part of the

    context change, such that the reach of context changes is limited. This guarantees stability of the QoS

    prop agation.

     Variable

user context

                                                       Ap plication  Video

                                                                                                                      coder

Protocols  Radio

Variabl e

mobile

channel

                                                                                            QoS  QoS  QoS

                                      QoS  QoS

                                                                                          Interna l

                                                                                      ad ap ta tio n

                                                                    Qo S

                                                          ne go tiation

                               User context p ropagation

Channel context propagation

                                                                                     Figu re  7 :  Eme rg in g be ha vior to c onte xt c ha ng e s

Conclusions and f ut ure work

The capabilities of mobile systems are rapidly increasing to the level where (live) video connecti ons can b e

supp orted. In contrast to wire - line video connections, advanced algorithms are req uired to handle the highly

variable context (user demands and channel conditions) in which mob ile systems operate. The system

modules (e.g., video encoder and prot ocols) must adapt their mode of operation to use the limited resources

most effectively. In particular, battery energy is so scarce that individual modules cannot be optimized

sep arately; system - wide p ower efficiency can only b e achieved by exchanging info rmation across module

(layer) boundaries. We argue that the approach of b i - directional QoS negotiations is most suited desp ite the

extra complexity and costs over traditional adaptive approaches.

          The adap tive interface b etween video compression and transmi ssion p rotocols presented in this paper

follows the generic ARC app roach to structuring hierarchical adaptive systems. We identified the (ab stract)

QoS parameters needed in the negotiations b etween the two modules b ased on earlier theoretical work on

joint  source and channel coding.  We also reasoned about the relation between the QoS  p arameters (e.g.,

latency and b it - error rate) and typ ical (internal) video - encoding p arameters such as p rediction mode and

quantization step - size. The optimal setting of the v ideo encoder depends on the context provided b y the

application on the one side, and communication performance on the other side. Whenever the context

changes the video encoder has two op tions: 1) adap t locally, which is fast, and 2 ) engage a full negotiat ion

with ap plication and protocols, which is efficient system - wide.

          In the future we would like to study the trade - offs between local adap tation and glob al negotiations. We

are develop ing a mobile platform consisting of several modules connected with negot iated QoS interfaces.

This platform enables experimental optimization of internal adap tation for situations in which theory does

not suffice. Furthermore, we can determine experimentally for each module how much flexibility is

req uired in practical imp leme ntations. Finally, it allows ob serving the emerging behavior of system - wide

QoS negotiation.

Acknowled gemen ts --  This work was conducted within the Ub icom p rogram (www.ubicom.tudelft.nl) and

funded by the TU Delft, DIOC research program. We thank Hylke van  Dijk and Maarten D itzel for useful

comments on the manuscrip t.

References

[1]  A.  Lallet, C .  Dolb ear , J.  Hughes, & P.  Hobson  ^ Review of scalable video strategies for distrib uted

          video app lication s ~ ,  Distrib uted  Ima ging  IE E Europ ea n Worksho p ,  pp .  2/ 1 - 2/ 7 ,  19 9 9

[ 2 ]  D . Sa pa ri ll a  &  K .W . Ross , ^ Op timal streaming of layered video ~ ,  Jo int Co nferen ce  o f th e IE EE

          Co mpu te r an d Co mmun ication s So cieties  ( INFOC OM 2 00 0 )  pp .  73 7  - 74 6 vol.2 , 2 00 0

[ 3 ]  A . E. Mohr, R . E. Ladner, &  E . A. Riskin  ^ Generalized Multiple Descrip tion Coding through Unequal

          Forward Error Correction ~ ,  International Conference on Image P rocessing (ICIP) , 1 99 9 .

[4]  C . Y .  Hsu , A.  O rtega, & M. Khansari ^ Rate - control for robust video transmission over burst - error

          wireless channels ~  IE EE Jo urna l on  s ele cted  a reas  in  com mun ic atio ns  17 , 19 99

[ 5 ] C .  Aurrecoechea,  A . T .  Camp bell, & L .  Hauw ^A survey of QoS  architectures~ 7th  Interna tion al

          Work sh op on  QoS  `99 , 1 99 9

[6 ]  H .  van Dijk, K .  Langendoen, &  H .  Sips ^ARC: a bottom up ap proach to negotiated QoS~ 3rd IEEE

          Work sh op on  Mobile Co mpu ting  Systems and  App lica tio ns (WMCS A 20 00), December 2 000

[7 ]  A .  van der Schaaf and R . L .  Lagendijk ^Indep endence of source and channel coding for progressive

          image and vide o data in mobile communications~ Visual Com mun ic ations an Imag e Proc essing  (VC IP

          20 00 ),  June 2 00 0

[ 8 ]  N. Färb er , K. W. Stuhlmüller ,  &  B. Girod , ^ Analysis of Error Propagation in Hybrid Video Coding with

          Ap plication to Error Resilience ~ , Interna tion al C on fe re nc e on  Imag e Proc essing  (ICIP’99 ) , p p. 550 -

          55 4, October, 19 99 .