6/067375 A1 | IV 20 0RO O

=

(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(19) World Intellectual Property Organization [ mj

525 OO 00 0 O

International Bureau

(43) International Publication Date
29 June 2006 (29.06.2006)

(10) International Publication Number

WO 2006/067375 Al

(51) International Patent Classification:
HO4N 7/26 (2006.01) HO4N 7/52 (2006.01)
HO4N 7/46 (2006.01)

(21) International Application Number:
PCT/GB2005/004718

(22) International Filing Date:
8 December 2005 (08.12.2005)

English
English

(25) Filing Language:

(26) Publication Language:

(30) Priority Data:
0428156.4 22 December 2004 (22.12.2004) GB

(71) Applicant (for all designated States except US): BRITISH
TELECOMMUNICATIONS PUBLIC LIMITED
COMPANY [GB/GB]; 81 Newgate Street, London,
Greater, London EC1A 7AJ (GB).

(72)

(75)

Inventors; and

Inventors/Applicants (for US only): KAMARIO-
TIS, Othon [GR/GR]; 6 Iassonos Street, Palio Faliro,
GR-17564 Athens (GR). TURNBULL, Rory, Stewart
[GB/GB]; 12 Mannington Close, Rushmere St Andrew,
Ipswich, Suffolk IP4 SPW (GB). ALVAREZ AREVALO,
Roberto [ES/GB]; 4 Withipoll Street, Ipswich, Suffolk
1P4 2BZ (GB).

(74) Agent: LIDBETTER, Timothy, Guy, Edwin; BT Group
Legal Intellectual Property Department, PP C5A, BT Cen-
tre, 81 Newgate Street, London, Greater London EC1A
7AJ (GB).

(81) Designated States (unless otherwise indicated, for every
kind of national protection available): AE, AG, AL, AM,
AT, AU, AZ,BA, BB, BG, BR, BW, BY, BZ, CA, CH, CN,
CO, CR, CU, CZ, DE, DK, DM, DZ, EC, EE, EG, ES, FI,
GB, GD, GE, GH, GM, HR, HU, ID, IL, IN, IS, JP, KE,
KG, KM, KN, KP, KR, KZ, L.C, LK, LR, LS, LT, LU, LV,
LY, MA, MD, MG, MK, MN, MW, MX, MZ, NA, NG, NI,
NO, NZ, OM, PG, PH, PL, PT, RO, RU, SC, SD, SE, SG,
SK, SL, SM, SY, TJ, TM, TN, TR, TT, TZ, UA, UG, US,
UZ, VC, VN, YU, ZA, ZM, ZW.

(84) Designated States (unless otherwise indicated, for every
kind of regional protection available): ARIPO (BW, GH,
GM, KE, LS, MW, MZ, NA, SD, SL, SZ, TZ, UG, ZM,
ZW), Burasian (AM, AZ, BY, KG, KZ, MD, RU, TJ, TM),
European (AT, BE, BG, CH, CY, CZ, DE, DK, EE, ES, FI,
FR, GB, GR, HU, IE, IS, IT, LT, LU, LV, MC, NL, PL, PT,
RO, SE, SI, SK, TR), OAPI (BF, BJ, CF, CG, CI, CM, GA,
GN, GQ, GW, ML, MR, NE, SN, TD, TG).

Published:
with international search report

[Continued on next page]

(54) Title: RATE CONTROL WITH DECODING BUFFER OVERFLOW PREVENTION

10 >
[Encoder Q1=10 5

11 > ! Display
[Encoder Q2=2 N 1 TV

12 >
[Encoder Q3=30 7

13 . Synch
Encoder Q4=40) At tv

'
— . )
M . _31 IBi
o - Decoder
Pass 15
S 32 Frame
\ 4 tore Removal
M > 14 17 b
atabase Segmentation| Optimiser| ! 18
¥ Smooth
16 Measure dB(t
Determine ]'.
R-Q function 19 {0 3
x »  Encoder Transmission
2nd pass

(57) Abstract: A video stream has been digitally encoded such that the rate at which individual segments of data are encoded varies
& according to the amount of data required to generate each segment. At the decoder (2) frames are selectively deleted from the stream
& such that the cumulative frame rate does not fall below a predetermined value. This process can be used to ensure that a buffer store
o (6) associated with the decoder (2) is not overloaded. By selecting the frames to be deleted, the integrity of the remaining frames
can be conserved. The decoder (2) is arranged to identify where frames have been omitted from the decoded transmission, and to
perform a resynchronisation (7) on the decoded stream by comparison between time stamps in the video stream and a corresponding
audio stream. Resynchronisation may be performed by extending the durations of individual frames, or by repeating frames.
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RATE CONTROL WITH DECODING BUFFER OVERFLOW PREVENTION

This invention relates to digital video compression, and in particular buffer
overflow prevention.

Video streaming is available over mobile IP networks (3G, GPRS, Wimax, WLAN
etc), fixed networks (like DSL, Cable, PSTN etc) and digital television services, and new
products are being developed such as DVD-Recorders, Personal Video Players (PVP) for

digital video storage, and digital video cameras. All these services and products are

competing for the best video quality and best-fixed storage space management.

Video compression technology has become a key technology in digital video
communications. Several international standards have been established in video
compression, such as MPEG-2, MPEG-4, H263, and the latest standard, H264. One
common feature of these standards is that they only provide the syntax of the compressed
video stream. The output bit stream can use either a constant-bit-rate encoding process
(CBR) or a variable-bit-rate process (VBR). Since many digital video applications are
constrained to a constant channel bandwidth or a fixed storage (buffer) size, CBR
encoding has been widely .adopted because of its practical implementation. However,
CBR encoding suffers from some drawbacks.

Firstly, it results in inconsistent visual quality. The amount of compression
required can vary significantly between one frame and another, or even between macro-
blocks within the same frame. As é result, the decoded video sequence exhibits
inconsistent visual quality. Secondly, it can result in low coding efficiency. The bit rate
selected has to be sufficient to‘ E)rovide an acceptable picture quality for all parts of the
transmission. However, this bit rate is necessarily higher than is required for most of the
transmission.

A real video sequence usually consists of many scenes, and each of them may
represent very different activity and motion features. Consequently it is desirable that
more bits should be allocated to those scenes of high activity whilst fewer bits are required
for those of low activity. This is the basis of variable bit rate coding (VBR). Compared with
CBR encoding, VBR can provide less delay, consistent visual quality, and higher coding
efficiency for many video sequences. However, VBR encoding has very serious bit-rate
and buffer-size constraints, in particular because an unconstrained VBR encoder may not
meet the bandwidth limitations of the medium over which the signal is to be transmitted
because the transient bit-rate may fluctuate significantly. In addition, VBR is difficult to
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operate over a multi-streaming link because individual parts of the stream cannot be
allocated consistently to each stream, as for example in a simple time division multiplex.

Most standard compression processes operate on each block of 8x8 pixels in a
frame, (or a group of several adjacent blocks, known as a “macroblock”). The block in the
previous frame is identified that most closely resembles the block under consideration
(usually the one in the same position or an adjacent one) and the difference between the
luminance and chrominance value of each pixel of the block under consideration and the
corresponding pixel in the selected preceding block. The resulting data is subjected to a
discrete cosine transform, and the resulting values then divided by a quantisation factor Q
before transmission. The quantisation factor reduces the individual values such that the
data can be transmitted within the available bit rate. A large value of Q allows a greater
range of values (more differences between one block and the one it is compared with), but
results in loss of fine detail, as small differences in actual values result in the same
quantisation level. The value of Q is thus an inverse measure of picture quality. In a VBR
system the value of Q is constant for the entire transmission, whereas in a CBR system it
can vary between frames. |

The invention of the applicant’s co-pending International Patent application
entitled “Processing Video Signals”, which has the same filing date as the present
application and claims priority from United Kingdom application GB0428160.6, provides a
video signal compression process, in which a video sequence is divided into multi-frame
segments, the number of bits required to code each video segment in uncompressed form
is determined, and a quantisation level is selected for the transmission of each segment
such that the overall bit rate of the segment falls within predetermined limits. That
invention also provides an encoder suitable to perform the process of the invention. By
applying-the same duantisation level to a segment of several frames, distracting changes
in quantisation level and thus picture quality are reduced. This invention also allows a
reduced signalling overhead because the changes in quantisation level are less frequent,
and the reduced variability makes buffer control management easier. The segments are
defined such that in each segment the number of bits required to code each frame in
uncompressed form falls within a range having a predetermined magnitude, and a
quantisation level is determined for each segment. This results in segments of variable
length, with fewer transitions when the appropriate coding rate is not varying, but the
ability to respond to more rapid changes when required.
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To further minimise distracting changes in quantisation ‘level, a preferred
embodiment of the invention in the copending application arranges that if, in three
consecutive segments, the first and.third segments both have the same quantisation level
selected, that level is also applied to the intermediate segment. Furthermore, in the
preferred embodiment, large changes in quantisation level between one segment and the
next are smoothed. This can be achieved by incrementally adjusting the quantisation level
stepwise over a plurality of frames at the boundary between the segments. Preferably the
stepwise adjustment in the quantisation level is such that the bit rate in frames of the
segment having the higher bit rate is reduced. |

The process of determining the quantisation level required to code each segment
may be performed by encoding each frame of the sequence with each of a plurality of
quantisation values and determining therefrom the quantisétion value that most closely
satisfies the required bit rate. A suitable mathematical process for deriving this value will
be described later in this specification.

In the process disclosed in the co-pending application GB0428160.6 referred to
above, a first pass of the video sequence is used to generate an optimum bit rate for video
streaming or fixed storage applications by selecting appropriate quantisation parameters
for each segment, and then the complete sequence is transmitted on a second pass. The
need for two passes delays the transmission by the time taken to perform the additional
pass. However, for some applications it may be possible to determine the appropriate
parameters in advance for a number of selected values of bit rate, such that a request for
transmission at a given bit rate can be fulfilled more promptly.

Like all digital encoding schemes, this arrangement relies on an adequate buffer
store being available at the receiving end of the transmission, because the number of bits
per frame varies, and it is necessary to store all the data necessary for the recreation of a
frame before it can be generated. Buffer “underflow”, or starvation, can occur if the
number of bits per frame is large (and the transmitted frame rate thus falls), such that the
decoder does not have sufficient data to generate the next frame at the time it is to be
displayed. Buffer overflow occurs when the buffer store is insufficient for the number of
bits that have been received, and not yet used.

It is possible to provide the decoder with information generated by the encoder
before the start of the video packets’ transmission, to allow buffer resources to be
reserved to prevent buffer underflow and buffer overflow conditions.

The present invention provides a process of decoding a digitally encoded video
input stream in which individual segments of data are encoded at rates tpat vary
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according to the amount of data required to regenerate each segment, wherein the
cumulative average frame rate in the input is monitored and frames are selectively
deleted from the received input in response to the monitored cumulative average such -
that the cumulative average frame rate in the decoded output does not fall below a
predetermined value.

The invention also provides a variable bit rate data decoding process, arranged
to identify parts of a decoded transmission from which frames have been omitted, and to
resynchronise the displayed stream. Synchronisation may be controlled by comparison
between time stamps in the video stream and a corresponding audio stream.
Resynchronisation may be performed by extending the durations of individual frames, or
by repeating frames.

The applicant’s copending application entitled “Buffer Underflow Prevention”
having the same filing date as the present application and claiming priority from United
Kingdom application 0428155.6, provides a process of transmitting a digitally encoded
video stream in which the rate at which individual segments of data are encoded varies
according to the amount of data required to generate each segment, wherein frames are
selectively omitted from transmission such that the c'umulative frame rate does not fall
below a predetermined value. This ensures that the receiver does not experience an
Lmderflow condition.

A threshold limit may be set for the amount by which the number of bits per frame
may vary within a given sequence, thus limiting the loss in perceptual quality occasioned
by the reduced frame rate. If used in conjunction with the invention of the aforementioned
co-pending application claiming priority from United Kingdom application GB 0428160.6,
the threshold limit may be the predetermined magnitude within which the number of bits
required to code each frame in uncompressed form is constrained to fall.

This mode does not require extra information to be transmitted prior to the ‘Video
Streaming session’, and buffering is avoided at the beginning of the clip, so the start-up
delay is significantly minimized. Each frame that is displayed will have the same video
quality, but the video is displayed with a reduced frame rate, and in consequence the
perceived video quality may be slightly impaired.

The setting of a threshold limit also allows a maximum value to be determined for
the buffer store required for the receiver to decode the sequence.

An embodiment of the invention will now be described, by way of example, with
reference to the drawings, in which: |
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Figure 1 is a schematic representation of the various components that co-operate
to perform the invention

Figure 2 illustrates the variation in bits per frame over an illustrative sequence of
frames.

Figure 3 illustrates an analysis step of the process

Figure 4 illustrates a selection step forming part of the process -

Figure 5 illustrates the quantisation values generated by the process, for an
illustrative sequence of frames

Figure 6 illustrates a first part of a smoothing process that may be performed on
the quantisation values. '

Figure 7 illustrates the rest of the smoothing process

Figure 8 illustrates the buffering process i

Figure 9 illustrates the structure of a typical video sequence, illustrating the
various frame types

Figure 10 illustrates a process for selectively omitting frames from a sequence

Figure 11 illustrates a frame omission piocess taking place at the decoder of
Figure 1.

Figure 1 represents the operations performed in carrying out the invention as a
series of functional elements. It will be understood that these operations may be
performed by a microprocessor, and that the physical components are not necessarily
distinct. In particular, similar processes shown as operating in parallel or sequentially 10,
11, 12, 13, 19 may be performed in rotation by a single component.

A video encoder 1 and a decoder 2 are interconnected by a communications link
3. The video encoder 1 is associated with a database 4 from which it can retrieve data for
encoding and transmission to the decoder 2, which is associated with a display device 5
such as a television set for displaying the decoded data. The decoder 2 has an associated
buffer store 6.

The video encoder 1 comprises a number of functional elements. The encoder 1
processes the data retrieved from the database 4 using a ‘two-pass’ process. Firstly, the
entire sequence is parsed (10, 11, 12, 13). From these results, the sequence is split (14)
into a number of segments and statistics are stored (15) for those segments. Data from
the encoding process is used to generate a general relationship between bit rate and
quantisation level (16) and an optimum quantisation level is then identified 17 for each
segment. This value is modified by a smoothing process 18. Using these statistics, a final
bit-stream (or multiple bit-streams) with ‘VBR’ characteristics can be generated in a
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second pass 19. The statistics can also be used to prevent ‘buffer-overflow’ and
‘underflow’.

Because this is a ‘two-pass’ process, a delay is introduced which makes the
process primarily suitable for non-live video content (Video on demand). However, it will
be understood that the processing time required for the first pass may be faster than the
transmission rate, as it is not constrained by the bandwidth of the connection 3.

The individual processes will now be discussed in more detail.

In the first pass, the video sequence is first analysed by a number of VBR
encoders (10, 11, 12, 13) operating in parallel to encode the video sequence for various
quantisation levels Q1, Q2, Q3, Q4. This step is performed frame-by-frame. This is
illustrated in Figure 3, which shows four streams, each one having its own quantizer. For
example ‘Frame 1' is first encoded with each quantisation level ‘Q1’, ‘Q2’, ‘Q3’ and ‘Q4".
Then, ‘Frame 2’ is encoded with the same quantizer sequence, until the entire sequence
is processed. The processing power needed for this step is four times a standard ‘VBR’
encoder. Empirical tests showed that suitable Quantizer values for an encoder operating
to the H264 standard would be: Q1=10, Q2=20, Q3=30, Q4=40. This allows an accurate
R-Q function to be determined (process 16), relating the quantisation level Q to the
number of bits per frame R. The corresponding computational expense is approximately
four times that of a typical VBR encoder.

The R-Q function is applicable to multiple streams of variable bit rates so it is
referred to below as the ‘Multi-Stream Rate Control (MRC)’ function. It may be determined
(process 16) as follows. In this embodiment two mathematical models are used, as
experimental results have shown that they are accurate over different ranges of Q.

‘R=a’ e®? (MRC function 1) L
The second model is a third order polynomial:
R = aQ®+ bQ? + cQ + d (MRC function 2)

where R: average bits/frame

Q: quantization parameter
and: a’, b, a, b, ¢, d are modelling parameters, which are to be determined.
The first model is a good approximation over the range 21<Q<50, ahd the second over
the range 0<Q<30.

Note here thét as the number of bits per frame R falls with increasing values of Q,
the quantisation parameter, and both properties can only take positive values, at least one
of the coefficients a, b, ¢ will be negative, and a’ and b’ must both be positive.
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‘Model 1' needs two modelling parameters a’, b’, and thus needs two streams to
determine the values of those parameters, while ‘Model 2' needs four modelling
parameters, and therefore all four streams are needed to determine their values.

It will be noted that there is a range 20<Q<30 in which the selection of model
requires a further stage A ‘switching mechanism’, as will now be described with reference
to Figure 4, to determine whether ‘Model1’ or ‘Model2’ will give more accurate prediction
values for ‘Average Bits/Frame (R)’ for the particular segment under consideration when
‘Q’ falls within the range between [21,30].

For ‘Model1’, apply Q3=30, Q4=40, thus deriving modelling parameters a’, b'.

For ‘Model2’, apply Q1=10, Q2=20, Q3=30, Q4=40, producing modelling
parameters a, b, ¢, d.

After producing the two formulae, set ‘Q=20" for each -one, thus producing
different values R20 and R20’ for the two models
The ‘Deviation % (D)’ is calculated between these two values:

D = [(R20’ — R20)/R20°]*100%

~ The model to be used to predict ‘R’ for values of Q in the range between 21<Q<30 is

selected according to the absolute value of D. If -6% < D < +6%, model 1 is used, but if
D falls outside the range +/- 6%, model 2 is used.

In parallel with this process, the video sequence is split into video segments of
variable length by a Segment creation (Wn)' process 14. The “Segment” creation process
14 deﬂneé individual windows or segments within the video sequence. It extracts the
encoded data from one of the parallel encoders 13, using a ﬁ}(ed quantiser value, for
example Q4=40, and determines the value R (average bits per frame) for every S.frames,
where “S” is the sample rate. For example, if ‘S=1’, this check is performed for every
frame. More typically, this value is set equal to the target frame rate. For example, if the
target frame rate for a video sequence to be encoded is 15 frames/sec, S is set at a value
of 15, so, the check will take place every 15 frames. In the example shown in Figure 3,
the entire sequence has a length of 49 frames, and it has been dynamically separated into
four individual segments Wn. Of course, in another example, there may be a smaller or
larger number of segments Wn, depending on the content, and on the value of the
threshold (A), set at the beginning of the encoding process.

Exceptionally, the first segment uses a number of frames equal to twice the value
set by ‘S’. This means that the ‘first check’ will take place 2*S = 2*15=30, after 30th frame.
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This is to take account of the presence at the beginning of the clip of an ‘Intra’ frame,
which produces more bits than ‘P’ frames. Thus, the bits are better spread over the first
segment, producing better VBR characteristics.

The value R (Average bits/frame) is calculated throughout the entire video
sequence during the first pass, and the results stored (15). This value R indicates the
average number of bits per frame at a specific instant. For example, to calculate ‘R’ for the
fifth frame, assuming for the sake of illustration that the first five frames produced
2000bits, 1000bits, 500bits, 1000bits and 500bits respectively, R(5) =
(2000+1000+500+1000+500)/5=1000bits/frame. Figure 2 shows a typical trace of

‘Average Bits/frame(R)’ in the ‘y-axis’, versus ‘Frame No (N)' in the ‘x-axis’.

If the value R exceeds the previous value of R by a threshold value A, (for
example 30% larger), the current frame is set as the last frame of the current segment
(Wn), and a new segment is created.

The threshold value is set at the beginning of the process by the end-user. The
bigger this value, the closer the result will be to ‘VBR’ characteristics. If the value is close
to ‘0", the sequence will be encoded with characteristics close to ‘CBR’. A typical value for
this parameter would be 30%.

Thus, during the first pass, four streams have been created with different values
of fixed Quantizer Q as shown in Figure 3, and depending on the average bits/frame
variation, segments Wn of variable length have been created. The average Bits/frame rate
(R) are then predicted for each segment for different values of Quantizer ‘Q’, ranging from
[1,50]. ‘

Since the segments have been defined such that the value R varies only within a
limited range in each such segment, it is then possible to use the value of R in each
segment to determine, using the R-Q function (16), the appropriate quantization factor Q
to be used in the second, encoding, pass for each individual segment throughout the
entire sequence (process 17). The appropriate value of R, and thus of Q, can be based on
constraints such as decoder buffer capacity, transmission rate, or total storage size.
These constraints may be pre-set, or obtained as data from the decoder 2.

In order to select the optimum quantisation value Q for each segment, as
determined by the optimisafion process, a value R is selected that satisfies a condition:

R<Tg/f

Where:

R is the average bits per frame to be determined from the R-Q function 16
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f. is a Target Frame-Rate : the rate at which the frames are to be delivered to the
destination

Tg is a Target Bit-Rate, representing the bit rate required to maintain the target
frame rate

These values Tg and f are determined by the capabilities of the transmission medium 3
and the user equipment 2, and by the nature of the video stream content

For example, if Tg = 20000 and f = 10, then R< 2000 kbits/frame.

An optimum quantisation value Qbest can be determined using the R-Q function.
This process is applied to each segment generated by the segmenter 14. If there is a
large change in the value of ‘Q’" between one segment and the next, the end-user will
notice an abrupt change in video quality, which can be disturbing. To mitigate this effect,
this embodiment applies a smoothing process 18 to the quantisation values generated by
the optimiser 17. This process is illustrated in Figures 4, 5, 6, and 7.

The upper.trace of Figure 5 illustrates an example in which each segment W has
its own value of Quantisation level Q, after applying the ‘MRC’ functions in optimiser 17
but before smoothing. It will be noted that there is an abrupt difference in the Quantisation
value Q at the transitions between segment ‘Wn’ and the adjacent segments ‘Wn-1" and
‘Wn+1', which have quantisation levels QL and QR. Again, note that low values of “Q”
correspond to a high number of bits per frame

Figure 6 and Figure 7 illustrate the smoothing process. This process first sets
a revised quantisation parameter Qn’ for the segment under consideration. This revised
quantisation parameter is the same as that of the immediately preceding segment if either
that segment or the immediately following segment have quantisation parameters that are
greater than that of the current window by more than a predetermined threshold (steps 62-
64). Such large changes would be distracting to a human observer even if the transition
were to be smoothed, so in such cases the quantisation level is held atits previous value.

If the changes are small enough tc; be accommodated by the smoothing process,
the quantisation value Q is changed stepwise at the transition from one segment to the
next (steps 73,74). This is always done by increasing the value of Q (reducing the
bits/frame) for individual frames from the segment having the lower value of Q, as this is
less likely to overload the buffer at the destination. However, if the segment under
consideration has a lower quantisation value than both the immediately preceding

segment and the one immediately following, the value of Q to be used is first set to be
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intermediate between those values (step 67), rather than the (lower) optimum value for
that segment.
The smoothing process will now be described in more detail. First, the differences

in the values of quantizer Q, at the left and right boundaries of segment Wn, are

calculated.
GapLeft=QL - Qn (step 60)
GapRight =QR -Qn (step 61)

(Note that Qn and QR are the values generated by the optimiser 17, but QL is the
value resulting from the smoothing process when applied to the previous segment. In its
turn, QR will be revised, using for the preceding segment the value of Qn’ that is about to
be generated). }

 These gap values are next assessed to determine whether they exceed a
threshold value (step 62, 63). In this example, the threshold value is set at +10.

If either Gapleft or GapRight exceeds this threshold we set a value Qn’ = QL,
where Qn’ is the new value of Q (step 64). If both GapLeft and GapRight fall at or below
the threshold value, a further test is made to determine the signs of the gaps (step 65). If
either is negative, we set Qn’ = Qn (step 66), in other words the value derived by the
optimiser 17 is used. If both gap values are positive or zero, we set Qn’ = (QL + QR) / 2
(step 67), thereby setting a value intermediate between the values immediately preceding
and following the segment under consideration. This results in a lower quality (larger
quantisation value) for that one segment than was set by the optimiser 17, but it minimises
the transitions in quality between the segments.

Referring now to Figure 7, the value Qn’ is used to generate two new values
(step 70)

GaplLeftNew = QL - Qn’
GapRightNew = QR - Qn’

These values are used to apply the smoothing process itself, to the first few and
last few frames of the Segment Wn, as shown for step 73.

If GapLeftNew has a positive value, the quantisation value of the neighbouring
frame QL is applied to the first frame of the segment Wn, and for each subsequent frame
the quantisation value is decremented by a ‘step-value’ until a minimum value Qn’ is
reached. Subsequent frames then all have this minimum value Qn'. For example, if
QL=40, Qn’' =32, and Step-value =1, we obtain GapLeftNew = 40 — 32 = +8. This value is

positive, so for each frame of the segment, starting with the first, the quantizer ‘Q’ is

decremented by ‘1’ from the value for the preceding frame until the level Qn’ is attained.
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So for example, Qn1=40, Qn2=39, Qn3=38,.......... Qn9=32, where Qn1 is the quantizer
for the first frame in the ‘Segment Wn', Qn2 refers to the frame after the first frame and so
on. All frames subsequent to the ninth have the value Qn = Q9 = 32,

Similarly, if GapRightNew is positive the same methodology is used for the last
few frames of the segment (step 72, 74), as follows. If GapRightNew is positive the value
of ‘Q’ for the last frame of the segment is increased to QR, and each preceding frame is
decremented from that of the following frame by the step value, until the minimum value
Qn' is reached. For example if QR=38, Qn'=32, and Step-value =1, we obtain
GapRightNew= 38-32 = +6. This value being positive, the last six frames of the segment
(Qnlast-5 to Qnlast) are given 4quantisation values increasing stepwise from Qn'=32 to

'QR=38, thus: Qnlast-6 = 32, Qnlast-5=33......... Qnlast-2=36, Qnlast-1=37, Qnlast=38.

It will be seen that the value of GapLeftNew for any given segment is opposite in
sign to GapRightNew for the previous segment. If GapLeftNew is negative there is no
‘stepped’ change of Quantizer (Qn’) at the beginning of the segment under consideration
(step 75). Instead, the previous segment, having a positive GapRightNew, will instead be
subjected to the smoothing process. Similarly if GapRightNew is negative there is no
‘stepped’ change of Quantizer (Qn’) at the end of the segment under consideration (step
75), but the subsequent segment is subjected to the smoothing process by virtue of its
positive value for GapLeftNew.

If the gap value for either transition is zero, there is of course no need for any
smoothing at that transition. However, it should be noted that such an evéntuality is
unlikely, as the segments are defined according to changes in the appropriate
quantisation level. '

The lower part of Figure 5 shows the results of the smoothing process when
applied to the trace of the upper part of that Figure. Allowing the smoothing process to
operate such as to increase the value of Q in frames of the segment with the lower value,
as shown in the lower trace of Figure 5, rather than increasing it in the segment with the
higher value, ensurés that Qn’ is always greater than Qn in any given segment, and thus
the bit rate never exceeds the capacity of the transmission medium 3.

This is the end of the ‘First-Pass’, steps 10-18. The encoder 19 may now encode
the entire video sequence as in a conventional VBR encoder (encoder 19), on a second
pass of the data. It uses the estimated quantization factors Q for each segment, as
determined by the optimisation and smoothing procedures 17, 18, and transmits the
resulting bit stream to the decoder 2 over the network 3.
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As the optimum Quantisation value for any bit-rate can be predicted from the first
pass, it is possible to encode multiple streams at the same time with ‘VBR'’ characteristics
(Multi-stream) as the appropriate bit-rate for each one can be easily predicted from the
process. The first pass may be performed at any time, in anticipation of a request for the
relevant sequence at a given bit rate, or it may be done on specific demand.

VBR-type inputs present a problem at the receiver 2 in ensuring that sufficient
buffering resources are available. There are two inter-related criteria to determine, namely
the buffering capacity and the buffering delay. As the number of bits per frame varies, and
the bit rate itself is constant, the frame rate will vary. The buffering delay required is that
sufficient to allow the slowest frames (highest number of bits per frame) to be delivered
and processed in time for them to be displayed, whilst the buffering capacity is determined
by the capacity needed to store frames that have been decoded before they are required.
As these capacities depend on variations in the number of bits per frame, it cannot be
predicted by the decoder without some data relating to the sequence to be decoded.

A mathematical model will be expressed to describe the buffer level at the
decoder side for ‘Video Streaming’ applications.

Figure 8 illustrates the level of the buffer 6 at the decoder 2, showing how the
buffered data is built up over time when a bitstream 90 is transmitted over a fixed
bandwidth network 3. The following parameters will be defined.

T: Transmission Rate (bits/sec)- this is the bandwidth of the transmission channel

f. Target frame rate (frames/sec) — this is the rate at which the frames
represented by the bitstream are to be displayed by the display device 5.

R(t) : Average bits/frame for bitstream over time t. This is a cumulative property,
varying over time.

t: elapsed time (seconds)

B(t): Bits inserted in the buffer - this parameter shows the number of bits inserted
into the buffer over the period of time t.

B(t): Bits extracted from the buffer - this parameter shows the number of bits
extracted from the buffer over the same period of time t.

The number of bits ‘dB’ contained in the buffer at a given time t is given by:

dB(t) = B(t) - B(t)’ '

Also, the number of bits B(t) that were inserted into the buffer in the time “t" is

given by:
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B(t)y=T*t
Similarly, the number of bits B(t)' that have been extracted from the buffer in the
same time is given by:
B(t) =R(t)*f *t
Consequently, the net number of bits ‘dB’ remaining in the buffer at a given time t is given
by:
dB(t) = B(t) - B(ty
=(T-R(t)*f)t ,

This function identifies the number of bits contained in the buffer at a given time t,
assuming that the transmission rate is ideal and fixed at a rate T. Since T and f are
predetermined, the value of dB(t) varies over time as a function of R(t).

Buffer underflow,. or “starvation”, is the condition that occurs if the next frame is
due to be decoded before the necessary data has arrived — in other words the buffer is
empty. In order to avoid buffer underflow, it is usual to delay the start of the decoding
process after the arrival of the first data in the buffer store. This introduces a delay in '
display of the video sequence to the end user, and it is desirable to minimise this delay.

From the function above, it is possible to determine a minimum value
dBmin(tmin), and also the time tmin at which that minimum value will occur. If this
minimum value is negative, that is to say if there is a time tmin at which the number of bits
received up to that point by the decoder 2 is less than the number required to have been
decoded to maintain the frame rate to the display device 5, an underflow condition exists.

In this embodiment, to avoid buffer underflow, a buffer delay is to be introduced
at the beginning of the decoding process for a period of time given by:

tb = dBmin(tmin)/T.

Thus the number of bits received before the decoding process starts is T * tb, thereby
priming the buffer by that number of bits. Thus dBmin is raised to zero, and the buffer
delay is minimised.

In a VBR system the amount of buffering required varies, as at times of low
bit/frame rates the number of bits arriving is greater than the rate at which they are being
processed by the decoder. Buffer ‘Overflow’ may occur if there is not enough memory
allocated for storing the video packets before they are decoded. If the peak buffer size
required can be determined before the transmission of the video sequence, sufficient
buffer capacity can be reserved in the decoder in advance. ,

As already discussed, the number of bits ‘dB’ contained in the buffer at a given
time t is given by
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dB(t) = (T -R(t) * f) t

Using this function, if the values of R(t) are known, it is possible to identify a time ‘tmax’
when this property dB(t) reaches its peak value, dBmax. From this, the buffer size ‘Bf
allocated to prevent buffer-overflow can be determined:

Bf = dBmax(tmax) + dBmin(tmin)
where dBmin represents the absolute minimum.value of bits with which the buffer is
primed to prevent underflow, as already discussed.

In a true VBR transmission the values of tb and Bf cannot be predicted in
advance, since they depend on the cumulative variable R(t) which itself depends on the
encoding process.

It would be possible for the encoder to generate header information to control the
buffer parameters, but this requires an additional overhead. ’

Figure 1 illustrates a method in accordance with the present invention, which
avoids the need for any extra header information. It provides a process 41, 42, by which
the buffer 6 in a decoder 2 may be operated with a VBR input in such a way as to avoid
any ‘overflow’ condition in the decoder buffer.

Figure 1 also illustrates a process 31, 32, according to the invention of the
applicant’s co-pending International application referred to above claiming priority from
United Kingdom application 0428155.6, by which the buffer 6 in a decoder 2 may be
operated in such a way as to avoid any ‘underflow’ condition in the decoder buffer.

The input may be generated using the process of steps 10-19 described above,
but may also be used with other VBR inputs.

In this embodiment the bitstream is transmitted over a transmission channel
having a fixed guaranteed bandwidth (T). Recalling that the net number of bits ‘dB’
remaining in the buffer at a given time t is given by:

dB(t) =(T-R(t)*f)t
where f is the frame rate and R(t) is the cumulative average number of bits per frame. In
order to avoid buffer underflow we require that dB(t) > 0 for all times “t” throughout the
entire sequence, and it follows that R(t) < T/ f In order to maintain the cumulative number
of bits per frame R(t) below this maximum value the data representing some frames may
have to be omitted from transmission.

In order to achieve this, the encoder 19 is controlled 31, 32 to selectively omit the
data representing certain frames from the transmission, thus avoiding buffer Lmden‘low.
This can be performed in three different ways:
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' Firstly, it could be an ‘off-line’ process, which could take place after the end of the
‘VBR' encoding process described above. Alternatively, it can take place dynamically,
during the second pass of the process described above. In a third possibility, the process
could take place before the transmission of the clip, and after the complete sequence clip
has been encoded, by checking how many frames are transmitted every second, and
dropping frames according to rules to be described later.

Figure 9 illustrates a standard encoding video sequence with |-Frames, P-
Frames, and B-Frames. H264, MPEG-4, MPEG-2 and all related video compression ‘
standards use this schema. The |-frame establishes the initial conditions of the sequence,
and subsequent frames are generated by determining the differences between each
frame and its neighbours. Each P-frame is coded for differences from the preceding P (or
) frame, and each B frame is coded for differences from both the preceding and following
P frame. It will be seen that neighbouring frames are not dependent on the B frames, so if
some of them are dropped the remaining frames could still be decoded without losing
video decoding quality and consistency. However, dropbing individual P-frames would

affect the decoding of their neighbouring frames. It follows that only B-frames should be

dropped. (It should be noted that in the determination of the value of the cumulative
numbér of bits per frame R(t), the dropped B-frames are counted as frames of zero size —
thus dropping a frame results in a reduction in the overall number of bits per frame.
Similarly, the value of the received frame rate f takes the dropped frames into account)

The determination of the number of B-frames to be dropped is determined as
follows. Over any period t, the number of bits transmitted must not exceed the target
transmission rate T. To achieve this, the number of bits produced from the frames are
summed over the period t (process 31), and then B-frames are dropped, thus subtracting
their bits, until the target rate is achieved (step 32).

2B(i) <t

Where T: Target Transmission rate,

2.B(i): Sum of bits produced by the number of frames in period t.

B-Frames could be dropped randomly, or selectively according to a criterion such
as “largest first” (so that fewer frames need to be dropped) until the condition is met. This
is demonstrated in Figure 10. One B-frame is dropped between each pair of P-frames
until the number of bits is reduced to the target number. If the end of this segment is
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reached before the target has been met, the process starts over again, omitting a second

~B-frame from between each P-frame until the condition is met. Of course, the ratio of B

frames to P frames n(B)/n(P), which in this example is 2, must be sufficient to allow this

 to be done.

b3

For example, taking _

target frame rate f=10 frames per sec,
Transmission rate T=20000 bits/sec, and
Time window t=2 sec,
Cumulative bit rate/frame R(t) = 2325
Frame sizes: P1 = 3500bits,

B2 = 1500bits,
B3 = 1800bits,
P4 = 4000bits,
B5 = 2200bits,
B6 = 1000bits,
P7 =3000bits,
B8 = 1300bits,
B9 = 1300bits,

P10= 2800bits.
The total Number of bits coded in this time frame segment = 2240 bits/frame. Note that
this value is not the éame as R(t) because R(t) is a cumulative value over the entire
sequence up to this point. ’

Applying the values to the inequality expression f < T/ R(t) derived above, this window of
ten frames generates a frame rate f = 20000/2325 = 8.6 fps.

To achieve the target frame rate f=10fps, at least two B-frames need to be
dropped in this window to minimize start-up delay whilst and avoiding buffer underflow.
The exact number of frames to be dropped is determined by the summation X>B(i) < T*t.
Summing the frame sizes:
3500+1500+1800+4000+2200+1000+3000+1300+1300+2800 = 22400 = T+2400

In other words at least 2400 bits must be removed by dropping ‘B-frames’.
Starting at the beginning of the segment, we drop the first B-frame following each of the
first two P-frames (i.e. B2, B5). This results in the loss of 1500+1800 = 3300 bits, which is
sufficient to meet the target frame rate f.
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Figure 10 demonstrates how B-frames are dropped according to this pattern. In
this example two frames are dropped, thus saving 2400 bits and allowing minimal start-up
delay and no buffer underflow. This process is repeated throughout the entire sequence.
This invention allows buffer underflow to be avoided by modification to the tramnsmitted
signal before the actual transmission of the clip.

A residual start up delay t, may be allowed in order to drop fewer frames. This
provides a number of extrabitsE=t, x T

These extra bits can be used throughout the sequence to save some of the B-
Frames. For example, if buffering is set not to exceed 2 seconds, thus t, = 2 sec. If
T=20000bits/sec, E = 2sec * 20000bits/sec = 40000bits extra. In the previous example,

2400 bits to prevent the B-frames from being dropped. So, if the extra bits are subtracted

from the bits needed for that instance (t) in the example described earlier, we have: 40000
—~ 2400 = 37600 bits >0.

In other words, for that instance we ‘saved’ two ‘B-Frames’ (not dropped) and we
kept 37600 extra bits to be used in next instahces, repeating the process until the end of
clip is reached. It will be apparent that the larger the ‘buffering’, the fewer ‘B-Frames’ will
be dropped, but the larger the start-up delay will be.

This process requires certain frames of the sequencé to be dropped from
transmission. Certain criteria need to be met to ensure that the consequent impairment of
the quality is minimised. Referring again to Figure 1, it will be recalled that the segmenting
process 14 is arranged such that the variation in quantisation level within any given
segment is limited to a threshold parameter A. In the process to be described, this
parémeter will limit the frame rate drop, when the stream is delivered to the end user.

The existence of this threshold ensures that the frame rate will not drop below a
value fmin given by: -

fmin = F(1-A)

where f is the target frame rate, and A is the threshold previously defined. For example, if
the threshold A=30%, and the target frame rate f = 25fps,
fmin=25x(1-0.3)=17.5fps.

In this example the frame rate cannot fall below 17.5 fps throughout the entire
sequence. ,
In order that the frames to be dropped can be selected from the B-frames alone,
the ratio of ‘B-frames’ to ‘P-frames’
n(B)/n(P) > kA



10

15

20

25

30

35

WO 2006/067375 PCT/GB2005/004718

18

where, n(B) = number of ‘B’-Frames

n(P) = number of ‘P’-Frames

k is a constant selected to compensate for the relatively large size P ‘frames,
typically in the range 1.5 to 2 times larger than B frames. In the example below, we select
k=2. For example, given threshold A=30%, the ratio of ‘B-Frames’ to ‘P-Frames’
should be given by: n(B)/n(P) >k x0.3=0.6 l |

In other words, the process requires that for this threshold value the B/P ratio
should be no smaller than 0.6. This ratio can be very easily set in most implementations of
the H264 standard. Of course, when the actual rate exceeds the target frame rate, there is
no need for any frames to be dropped to avoid buffer starvation. '

It should be noted that although individual B-frames are dropped, the receiver

can detect the absence of these frames by comparing time stamps in the video stream

- and a corresponding audio stream, or by means of a coded “place marker” transmitted in

place of the mssing frame, or because of the absence of a B-frame from the normal
pattern of B- frames and P-frames that are received. The receiver compensates for the
missing frame by repeating a frame, interpolating between frames, or extending the
duration of an existing frame

A buffer overflow avoidance process according to the present invention takes
place at the receiver, during the streaming of the sequence. As for the underflow
avoidance system previously described, this relies on the presence of B-frames, and the
encoding of the VBR stream with a threshold A limiting the variability of the number of bits
per frame.

The maximum memory allocated to the end-device will be defined as M. If this
value is exceeded, ‘buffer overflow’ will occur. It has already been known that the state of
the ‘buffer’ throughout the streaming of the sequence is represented by

dB(t) = (T-R(t)* f) t.

By having applied the process described earlier, we can be sure that for any t,
dB(t) > 0.

In order to avoid ‘buffer overflow’, dB(t) < M for any instance t. A threshold for the
maximum transmission frame rate fmax is defined to be:

fmax < f(1+A)
Where f: target frame rate,
A: threshold variation
fmax: maximum transmission frame rate

For example, for a target frame rate f=25fps, threshold variation set at A=30%,
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fmax <25* (1 +0.3) = 32.5 frames per sec.

This is the maximum transmission frame rate, which is responsible for building-up
the buffer content.

This property fmax ensures that , of the frames transmitted over the period t, a
proportion no larger than A (=30%) will be dropped, so the resulting frame rate will not
drop below 30% of the target frame rate.

Buffer overflow can be avoided by using these two properties M and Fmax. The
bit rate is first determined (step 41). If the condition dB(t) < M s satisfied, there is no
need to take any measures, as buffer overflow will not occur. ABut, in the case where this
condition is not met frames are dropped from the segment which has been most recently
delivered from the network (step 42). The number of ‘B-frames’ to be dropped is
determined in the same way as already discussed in relation to the encoder:

YB(i)<T*t
Where T: Target Transmission rate,
Y.B(i): Sum of bits produced by the number of frames contained on that instance t.

The B-frames can be dropped using the same rules as described above for

underflow prevention, as illustrated in Figures 9 and 10.
Figure 11 demonstrates the process 42 taking place at the decoder of Figure 1, and
illustrates a sequence of four frames 91, 92, 93, 94 before and after the omission of
selected B-frames of one of the frames (93) to avoid ‘buffer overflow'. This process is
repeated throughout the entire sequence.

The receiver 2 applies a synchronisation 7 to the decoded video frame
timestamps with those in the audio stream. This causes a frame to be maintained on-
display for longer, or repeating the display of a frame until the audio timestamps
resynchronise with it.

The modes illustrated in Figures 1, 9, 10 and 11 do not require extra information
to be transmitted prior to the ‘Video Streaming session’, and there is no degradation of the
quality of individual images, but some of the perceived quality perception may be lost
when the video is displayed, because of the omission of certain frames. Nevertheless, the
perceived quality will be significantly better than that achieved by ‘CBR’ encoding. This
mode also avoids 'the need for buffering at the beginning of the clip, thus minimising the
‘Start-Up’ delay without incurring buffer underflow. Moreover, buffer overflow can be easily
controlled, so that devices with limited memory capabilities will be enabled to display the
VBR encoded video sequence as efficiently as possible. ‘
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The invention may be used to control a single stream, or it may be used for multi-
channel rate control. In other words, one stream could be delivered to devices connected
to different ‘pipes’ of different transmission rate (T) or ‘Bandwidth’. For example if a ‘VBR'
clip was encoded, applying the rules defined above and with a target transmission rate of

5 T=500kbps, the sequence could be streamed to several devices connected to the
network, with a wide range of bandwidth. All such devices would receive the same video
quality, but lower bandwidth devices would experience a reduced frame rate. Each device
would set its ‘Target Transmission rate’ according to its connection, and the rules and
functions described above apply for that ‘Target transmission rate’.
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CLAIMS

1. A process of decoding a digitally encoded video input stream in which individual

- segments of data are encoded at rates that vary according to the amount of data required

to regenerate each segment, wherein the cumulative average frame rate in the input is
monitored and frames are selectively deleted from the received input in response to the
monitored cumulative average such that the cumulative average frame rate in the
decoded output does not fall below a predetermined value.

2. A variable bit rate data decoding process according to claim 1, arranged to
identify parts of a decoded transmission from which frames have been omitted, and to
resynchronise the displayed stream.

3. ' A decoding process according to claim 2 in which synchronisation'i.s controlled
by comparison between time stamps in the video stream and a corresponding audio

stream.

4, A decoding process according to claim 2 or 3, in which resynchronisation is
performed by extending the durations of individual frames.

5. A decoding process according to claim 2 or 3 in which resynchronisation is
performed by repeating frames.

6. Apparatus for decoding a digitally encoded video input stream in whicvh individual
segments of data are encoded at rates that vary according to the amount of data required
to regenerate each segment, wherein the cumulative average frame rate in the input is
monitored and frames are selectively deleted from the received input in response to the
monitored cumulative average such that the cumulative average frame rate in the
decoded output does not fall below a predetermined value.

7. . Apparatus according to claim 6, arranged to identify parts of a decoded
transmission from which frames have been omitted, and to resynchronise the displayed
stream.
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8. Apparatus according to claim 7 in which synchronisation is controlled by
comparison between time stamps in the video stream and a corresponding audio stream.

9. Apparatus according to claim 7 or 8, in which resynchronisation is performed by
5 extending the durations of individual frames.

10. Apparatus according to claim 7 or 8 in which resynchronisation is performed by
repeating frames.
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