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Introduction


At the Q15/15 meeting in Portland, 24-27 June 1997 a proposal was made for a delay model to enable fair comparisons to be made between proposed algorithms and/or rate control schemes for the anticipated H.263L standard.  This proposal was submitted as contribution Q15a15.


The proposal was generally well received but it was agreed that the component dealing with rate of delivery of encoded bits by the encoder to the channel input buffer required enhancement.  It was further agreed that an email discussion should be held on the reflector with the objective of refining the model to a state where it could be formally adopted for use during algorithm comparison.  This document gathers the email contributions and presents a formal proposal for discussion and, hopefully, adoption.


The Model


Purpose


The purpose of this model is to permit codecs proposed for adoption into the prospective H.263L standard to be compared for the specific property of end-to-end latency for the case of a constant bitrate error-free channel.  Properties such as visual or mathematical quality would be the subject of independent assessment based upon demonstration sequences to which the delay model output is applied.  The model is also suitable for use to compare proposed alternative rate control schemes either within a specific proposed H.263L codec, or indeed within the wider H.263 community.


It should carefully be noted that the model is not presented as being able to simulate the latency properties of all codecs to an arbitrary degree of accuracy.  Inevitably a degree of approximation will be involved.  However, it is intended that the model should be sufficiently flexible to permit the latency properties of proposed codecs to be determined to an accuracy such that the visible impact on decoded sequences should be clear.  Proposers should therefore use the model in generating latency data, for presentation in tabular/graphical form, or for preparing demonstration sequences intended to simulate real-time use over a constant bitrate channel.


Where appropriate a proposer may submit an alternative model.  However in such a case the reasons requiring such a substitution should form a component of the proposal.  The alternative model must be presented in sufficient detail for members of the ITU community to verify the inferred latency properties of the proposed codec.


Usage


The model, for application to a specific encoded sequence, requires the following data to be supplied or to be inferable from the accompanying data:


Identification of frames selected from the source sequence for encoding, together with their acquisition times


Total number of bits allocated to each encoded frame


Duration of the encoding period for each encoded frame


Indication of the bit generation rate profile adopted for each encoded frame together with the parameter values as appropriate


Indication of which other frames are referred to during the encoding of each frame


Order of encoded frames within the bitstream


The model then enables the acquisition-to-display latency to be determined.


Assumptions


Frame acquisition is instantaneous.


The channel input buffer is of unlimited size;  bits are clocked out of it at the rate set by the assumed channel without any form of re-arrangement or processing


The delay between a bit being clocked out of the channel input buffer and it being clocked into the channel output buffer is zero


The channel output buffer is of unlimited size


Decoding of received data is instantaneous; a received frame is available for display at the instant that the last bit in the bitstream that has bearing on the decoding of that frame is clocked out of the channel output buffer to the decoder [due to the instantaneous decode this is equivalent to the instant that that bit is clocked into the buffer from the channel].


Transfer to the display of a decoded frame is instantaneous and may take place at any convenient time following, or coincident with, the time of decoding.


Components


Sources of Delay


Delay is attributed to three sources :


Encoder Delay	DE


Channel Delay	DC


Decoder Delay	DD


Encoder Delay is composed of Encoder Processing Time, DEP, and Encoder Wait Time, DEW  and is that component of the total delay that is associated with the processing of the acquired frame into the compressed representation.  For an infinitely fast encoder DEP would be zero.  Practical encoders will have a finite processing delay which means that the bits of the encoded representation are delivered to the channel input buffer over some interval.  Dependent on the nature of the encoder the delivery profile over time of these bits will vary; the modelling of this delivery profile is an important aspect of the delay model. DEW is the interval, if any, between acquisition of a frame and commencement of its encoding; it is especially relevant to codecs which use forward reference during encoding.


Channel Delay is composed of Throughput Delay, DCT, and Channel Buffer Delay, DCB and is that component of the total delay which is attributable to the finite bitrate of the channel. DCT is governed by the bit allocation for the frame and the channel bitrate; it must be a positive finite value. DCB is the buffer delay due to the presence, in the channel input buffer together with bits from the current frame, of data from previous frames. It represents a delay in commencing the transmission of the encoded bits of the current frame and may be zero but not negative.


Decoder Delay is composed of Decoder Wait for Data, DDW, and Decoder Wait for Display, DDD and is that component of the total delay which is attributable to the activity of the decoder.  Since in Section � REF _Ref405126317 \n �2.3� decoding is assumed to be instantaneous DDW represents delay due to frames being received in an order such that, by inter-frame reference, the encoded representation of a frame f2 upon which the decoding of the frame f1 depends arrives later than does the encoding of f1; it is a situation that codecs in general will seek to avoid. DDD represents delay due to frames being received in other than source sequence order and therefore requiring to be buffered to enable reordering into the proper order.


Computation of the Encoder Delay DE


DE shall be taken to be the sum of DEP and DEW where for frame m:


	DEP(m)  (  S(m) 	….. (1)


where	S(m) is a value, possibly different for each frame, specified by the proposer on the basis of his/her special knowledge of the codec.  S(m) is the time between the commencement of encoding of frame m and the instant at which the final bit of the encoding is delivered to the channel input buffer.


	DEW(m)  (  M{(ts(n) - ts(m) + DEP(n))}		…..  (2)


where	ts(i) is the time of acquisition of frame i from the source sequence


	n is the latest encoded input frame on which the encoding of frame m depends


and	M{x} = x for  x>0 and is zero otherwise


Computation of the Channel Delay DC


Principle


Though the definition given in Section � REF _Ref405179182 \n �2.4.1� is formally correct, DC can also and equivalently be taken to be the delay between delivery of the last bit of an encoded frame to the channel input buffer and the acceptance of that bit into the channel for transmission.  If the channel input buffer is empty when this final bit arrives then DC will be zero.  If the buffer has finite contents, from whatever source, then the onward transmission of the bit must await clearing of the pre-loaded bits by the normal channel activity.


Thus, DC shall be taken to be given by


	DC(m)	(	B(m)/R		…..  (3)


where  	B(i) [(0] is the channel input buffer contents at the time of arrival of the final bit in the encoding of frame i


and 	R is the channel bitrate


Computation of B(m) — Scheme 1


The value of B(m) is governed by the bit generation profile of the encoder, the value of B(m-1) [where frame m-1 immediately precedes frame m in the encoded sequence] and the channel bitrate.


The rate of generation of bits by the encoder may, in principle, be finite over the entire period of compression of a frame, but need not be constant over that period.  For instance the rate of generation may increase or decrease with time.  Such a profile may be created by an expression of the form


	n’(t)  =  k.t(	…..  (4)


where 	n’(t) is the rate of bit generation at time t


	k is a proportionality constant 


	t is the elapsed time since the commencement of encoding of the frame


and	( is a constant power value.


A high value of ( causes the rate of generation to increase sharply with time, a zero value corresponds to a constant generation rate, and a value in the range  -1(((0 corresponds to an early peak followed by a monotonic decline.  The expression therefore allows a range of encoder strategies to be approximated.


Integration of equation (4) indicates that


	n(t)  =  k.t((+1)/((+1)	…..  (5)


But at t = S(m)  n must be equal to N(m), the total bit allocation to the frame


Hence


	n’(t)  =  N(m).( (+1).t(/S(m)((+1) 	…..  (6)


and	k  = N(m).( (+1)/S(m)((+1)	…..(6a)


The rate of augmentation of the channel input buffer is given by [n’(t)-R] the difference in loading and emptying rates.  In general this will be non-zero initially and will change sign during the course of encoding the frame.


The number N(q) of bits in the channel output buffer at time q is in principle given by


	N(q) 	= 	B(m-1) + � EMBED Equation.2  ���	…..  (7)


		=	B(m-1) + k.q((+1)/((+1)  - R.q	…..(7a)


where  	B(m-1) is the number of bits in the buffer at the time of commencement of encoding of frame m, i.e. the number of bits when the last bit of the previous frame in the encoded sequence is delivered


and	R is the channel bitrate


Note, however, that for certain combinations of the various factors N(q) can be predicted to be negative over an interval, a situation that is impossible in practice.  During such intervals the buffer is in fact empty with the rate of augmentation less than the channel bitrate.


Two situations of interest exist :


The nominal buffer contents never go negative


The nominal contents do go negative


These may be distinguished, in the case of Scheme 1, by examining the sign of N(q) at the instant Q when the rate of augmentation equals the rate of depletion, i.e.  when  n’(Q) = R


At this time 	k.Q(  = R			…..  (8)


thus	Q  = (R/k)1/(  			…..(8a)


By substitution of Q for q in equation (7) the sign of N(Q) may be determined.  Since Q is the instant at which, for negative N(Q), buffer augmentation begins to dominate over buffer depletion B(m) may be seen to be given by :


	B(m)	=	M{ B(m-1) + � EMBED Equation.2  ��� }


		=	M{ B(m-1) + N(m) - S(m).R }	N(Q) > 0	…..  (9)


and	B(m)	=	� EMBED Equation.2  ���	


		=	(k/((+1)).(S(m)((+1) - Q((+1)) - R.(S(m) - Q)	N(Q) ( 0	…..(9a)


If Scheme 1 is adopted then values for (, N(m) and S(m) should be tabulated and presented as part of the documentation accompanying a demonstration or analysis of an encoded sequence in support of an algorithm proposal.


Computation of B(m) — Scheme 2


An extreme form of Scheme 1 occurs when all the bits for an encoded frame m are delivered to the channel input buffer at the end of the period S(m).  This corresponds to ( being very large, and will occur where compression proceeds as a form of global refinement of the encoding followed by delivery to the channel in toto.


In this case  DC is simply expressed by


	DC  =  [M{B(m-1) - R.S(m)} + N(m)]/R	…..  (10)


where B(m-1), S(m), N(m), R and M{} have their previous meanings


Computation of the Decoder Delay DD


DD shall be taken to be the sum of DDW and DDD 


Decoder Wait For Data DDW


For frame m


	DDW(m) =  M{tD(n) - tD(m)}	…..  (11)


where	tD(i)  is the time of receipt of the final bit in the encoded representation of frame i at the 	


		channel output buffer


and	n is the latest encoded input frame on which the encoding of frame m depends


Decoder Wait For Display DDD


The computation of DDD is more problematic and involves a degree of freedom on the part of the decoder designer which is difficult to quantify in a model of this type.  However there are constraints that can be specified as follows.


Let the time of decode of frame m, taking account of accumulated delay due to all causes up to and including this time be TD(m)


Let the time of presentation for display of frame i be Tout(i).


Let the frame preceding m in the displayed sequence be p


It is then certainly true that


		DDD(m)  (  M{Tout(p) - TD(m)}	(  V1		…..  (12)


otherwise the display of m would seem to be possibly prior to that of p in some circumstances.


It would also seem reasonable that     


		DDD(m)  (   (tS(m) - tS(p))	(  V2		…..  (13)


since otherwise the inter-frame interval is certainly being ‘stretched’ relative to the source sequence value.


The following rule is proposed :


		V1   (   DDD(m)   (   M{ V2 + Tout(p)  - TD(m) }		…  (14)


Expressing the above ranges in the form      E  ( DDD(m) (   F   then


DDD(m)  =  (     in the range     E (  (  (  F    as appropriate.


If a regular rule for the generation of ( is appropriate ( may be determined by the expression


	(  (  E  +  (.(F - E)		0 ( ( ( 1	…..  (15)


Higher values of ( will tend to preserve accumulated delays in decoded sequences; lower values will tend to correct accumulated delays by permitting accelerated display where fewer than average bits are allocated to frames for a time.  It is for proposers of algorithms to determine the optimum value for use with their codec.  


As with all aspects of the model it is open to proposers to submit algorithms for evaluation with other assumptions made concerning display delay.  In such cases proposers must accompany their proposals with a full description of the delay model used so that the ITU community may verify that data concerning delays which are presented in support are reasonable.


Application of the Model


Total delay per frame is computed as the sum of the individual delays for that frame as set out above.


The model may be applied to tabulated records of successive encoded frames as specified in Section � REF _Ref405213612 \n �2.2�.   The nature of the expressions, especially for Decoder Wait For Display, indicates that delay values should be computed successively for encoded frames starting with the earliest.  Software to accomplish delay computations does not accompany this model definition.


The analysis was performed for the case of real-time compression, transmission, decoding and display.  Other scenarios may readily be accommodated by zeroing delay components which are irrelevant.  For instance in the case of the transmission of pre-compressed data over a constant bandwidth channel with real-time decode/display the encoder delay DE may be set to zero.
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