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1. Introduction

This meno descri bes Sel f-Cl ocked Rate Adaptation for Miltinedia
version 2 (SCReAM/2). This specification replaces the previous
experinental version [RFC8298] of SCReAM with SCReAM/2. There are
many and fairly significant changes to the origi nal SCReAM al gorithm
as desribed in Section 1.1.

Bot h SCReAM and SCReAM/2 estinmates the forward queue delay in the
sane way as Low Extra Del ay Background Transport (LEDBAT) [ RFC6817].
However, while SCReAM is based on the self-clocking principle of TCP,
SCReAM/2 is not entirely self-clocked as it augments sel f-cl ocking

wi th pacing and a m ni mum send rate.

Further, SCReAM/2 can take advantage of Explicit Congestion
Notification (ECN) [ RFC3168] and Low Latency Low Loss and Scal abl e

t hroughput (L4S) [RFC9330] in cases where ECN or L4S is supported by
the network and the hosts. However, ECN or L4S is not required for
the basic congestion control functionality in SCReAM/2.

1.1. Updates Conpared to SCReAM (version 1)

The algorithmin this neno differs considerably conpared to the
previ ous version of SCReAMin [RFC8298]. The nmain differences are:

* L4S support added. The L4S algoritmhas many simlarities with
the DCTCP and Prague congestion control but has a few extra
nmodi fications to nake it work well with periodic sources such as
Vi deo.

* The del ay based congestion control is changed to inplement a

pseudo- L4S approach, this sinplifies the delay based congestion
control.
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* The fast increase node is renoved. The reference wi ndow additive
increase is replaced with an adaptive nultiplicative increase to
enhance conver gence speed.

* The algorithmis nore rate based than self-cl ocked:

- The cal cul ated congestion windowis mainly used to cal cul ate
proper nedia bitrates. Bytes in flight is however allowed to
exceed the reference wi ndow. Therefore, the termreference
wi ndow i s used instead of congestion wi ndow, as the reference
wi ndow does not set an absolute limt on the bytes in flight.

o The self-clocking now acts nore |ike an emergency break as
bytes in flight can exceed the reference window only to a
certain degree. The rationale is to be able to transm t
| arge video franes and avoid that they are unnecessarily
queued up on the sender side, but still prevent a |large
net wor kK queue.

* The media bitrate calculation is dramatically changed and
simplified. |In practice it is manifested with a relatively sinple
relation between the reference wi ndow and RTT.

* Additional conpensation is added to make SCReAM/2 handl e cases
such as | arge changing frane sizes

1.2. Requirenents on the Media and Feedback Protoco
SCReAM was originally designed to with with RTP + RTCP where
[ RFC8888] was used as recommended feedback. RTP offers unique packet
indication with the sequence nunber and [ RFC8888] offers tinestanps
of received packets and the status of the ECN bits.

SCReAM i s however not limted to RTP as |long as sone requirenents are
fulfilled

* Media data is split in data units that when encapsulated in IP
packets fit in the network MIU

* Each data unit can be uniquely identified.
* Data units can be queued up in a packet queue before transni ssion

* Feedback can indicate reception tine for each data units, or a
group of data units.
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* Feedback can indicate packets that are ECN-CE narked. Unique ECN
bits indication for each packet is not necessary. An ECN-CE
counter simlar to what is defined in [RFCO000] is sufficient.

1.3. Conparison with LEDBAT and TFWC in TCP

The core SCReAM al gorithm which is still simlar in SCReAM/2, has
simlarities to the concepts of self-clocking used in TCP-friendly
wi ndow based congestion control [TFW] and foll ows the packet
conservation principle. The packet conservation principle is
described as a key factor behind the protection of networks from
congestion [ Packet-conservation].

The reference wi ndow decrease is deternmined in a way simlar to
LEDBAT [ RFC6817]. However, the wi ndow increase is not based on del ay
estimates but uses both a linear increase and nmultiplicative increase
function depending on the tinme since the |ast congestion event and

i ntroduces use of inflection points in the reference w ndow i ncrease
calculation to achieve reduced delay jitter. Further, unlike LEDBAT
which is a scavenger congestion control nostly designed for |ow
priority background traffic, SCReAM adjusts the qdelay target to
conpete with other | oss-based congestion-controlled flows.

SCReAM/2 adds a new reference wi ndow validation technique, as the
reference window is used as a basis for the target bitrate
calculation. For that reason, various actions are taken to avoid
that the reference wi ndow grows too nmuch beyond the bytes in flight.
Additional contraints are applied when in congested state and when
the maximumtarget bitrate is reached

The SCReAM SCReAM/2 congestion control method uses techniques sinilar
to LEDBAT [ RFC6817] to measure the gdelay. As is the case with
LEDBAT, it is not necessary to use synchronized clocks in the sender
and receiver in order to conpute the qdelay. However, it is
necessary that they use the sane cl ock frequency, or that the clock
frequency at the receiver can be inferred reliably by the sender
Failure to nmeet this requirenent |leads to mal function in the SCReAM
SCReAMs2 congestion control algorithmdue to incorrect estimation of
the network queue delay. Use of [RFC8888] as feedback ensures that
the same tine base is used in sender and receiver

2. Requirenents Language

The key words "MJST", "MJST NOT*, "REQU RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "NOT RECOMVENDED', "MAY", and
"OPTIONAL" in this docunent are to be interpreted as described in BCP
14 [ RFC2119] [ RFC8174] when, and only when, they appear in al
capitals, as shown here
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3.

Overvi ew of SCReAM/2 Al gorithm

SCReAMs2 consists of three main parts: network congestion control,
sender transmnission control, and nedia rate control. Al of these
parts reside at the sender side while the receiver is assunpted to
provi de acknow edgenents of received data units and indication of

ECN- CE marki ng, either as an accumul ated bytes counter, or per

i ndi vidual data unit.

The sender inplenents nedia rate control and an data unit queue for
each nedia type or source, where data units containing encoded nedi a
franes are tenporarily stored for transmission. Figure 1 shows the
details when a single nedia source (or stream is used. Scheduling
and prioritization of nulitiple streams is not covered in this
docunent. However, if multiple flows are sent, each data unit queue
can be served based on sone defined priority or sinply in a round-
robin fashion. Alternatively, a simlar approach as coupl ed
congestion control [RFC6365] can be applied.
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Figure 1: Sender Functional View
Medi a frames are encoded and forwarded to the data unit queue in

Figure 1. The data units are sent by the sender transni ssion
controller fromthe data unit queue.
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The sender transm ssion controller (in case of multiple flows a
transm ssi on schedul er) sends the data units to the UDP socket. The
sender transnmission controller limts the sending rate so that the
nunber of bytes in flight is less than the reference w ndow al beit
with a slack to avoid that packets are unnecessarily delayed in the
Data Units Queue. The slack avoi ds unnecessary delays in the Data
Units Queue when the link is uncongested. The bytes in flight
however become nore restrained in congested situations, to avoid

| arge variations in queue delay and bitrate. A pacing rate is

cal cul ated based on the target bitrate provided by the nedia rate
controller.

Feedback about the received bytes as well as nmetadata to estimate the
congestion | evel or queuing delay are provided to the network
congestion controller. The network congestion controller calcul ates
the reference window and provides it together with the bytes in
flight to the sender transm ssion control.

The reference wi ndow and the estimated RTT is further provided to the
media rate control to conpute the appropriate target bitrate. The
target bitrate is updated whenever the reference w ndow i s updated.
Addi tional paraneters are also comunicated to nake the rate control
nore stable when the congestion window is very small or when L4S is
not active.

3.1. Network Congestion Control

The network congestion control sets reference wi ndow (ref_wnd) which
puts an upper linmt on how many bytes can be in flight, i.e.,
transmtted but not yet acknow edged. The reference windowis
however not an absolute linit as slack is given to efficiently
transmt tenporary |arger nedia objects, such as video franmes. This
means that the algorithmprefers to build up a queue in the network
rat her than on the sender side. Additional congestion that this
causes will reflect back and cause a reduction of the reference

wi ndow.

The reference window is reduced if congestion is detected. Simlar
to LEDBAT, the reference window is reduced either by a fixed fraction
in case of packet loss or Classic ECN marking, or if the estimted
queue del ay exceeds a given threshold, depending on how nuch the

del ay exceeds the threshold. SCReAM/2 reduces the reference w ndow
in proportion to the fraction of marked packets if L4S is used

(scal abl e congestion control).

In each RTT ref_wnd will be reduced at npbst once if congestion is
det ect ed based on the followi ng conditions:
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a) on loss: ref_wnd *= LOSS _BETA
b) classic ECN CE: ref_wnd *= ECN BETA
b) on L4S ECN CE or increased delay: ref_wnd *= 1-14sAl pha/2

I ndependent of the congestion detection, ref_wnd is increased by a
fix increment for each RITT.

The reference wi ndow increases nultiplicatively after a nunber of
congestion free RTTs, this enables a faster convergence to a higher
link speed. The increase factor is also adjusted relative to a
previ ous max val ue.

3.2. Sender Transm ssion Control

The sender transmission control limts sending rate based on the
relation of the estimated |ink throughput (bytes in flight) and the
ref erence w ndow.

send_wnd = ref_wnd * ref_wnd_overhead - bytes_in_flight

The respective sending rate is achieved by applying packet pacing:
Even if the send window allows for the transm ssion of a nunber of
packets, these packets are not transnmitted i medi ately; rather, they
are transmitted in intervals given by the packet size and the
estimated |ink throughput. Packets are generally paced at a hi gher
rate than the target bitrate, this makes it possible to transmit
occasionally larger video frames in a tinely manner. Further, this
mtigates issues with ACK conpression that can cause increased jitter
and/ or packet loss in the nmedia traffic.

3. 3. Medi a Rate Control

The nedia rate control calculates the nedia rate based on the
ref erence wi ndow and RTT.

target _bitrate = 8 * ref_wnd / s_rtt

The nedia rate needs to ranp up quickly enough to get a fair share of
the systemresources when |ink throughput increases. Further, the
reaction to reduced throughput nust be pronpt in order to avoid
getting too nmuch data queued in the data unit queue(s) in the sender

For the case that nultiple streams are enabl ed, the nedia rate anong
the streans is distributed according to relative priorities.
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In cases where the sender’s franme queues increase rapidly, such as in
the case of a Radi o Access Type (RAT) handover, the SCReAM/2 sender
MAY i npl erent additional actions, such as discarding of encoded nedi a
frames or franme skipping in order to ensure that the data unit queues
are drained quickly. Frame skipping results in the frame rate being
tenmporarily reduced. Wich nmethod to use is a design choice and is
outside the scope of this algorithmdescription

4. Detailed Description of SCReAM/2 Sender Al gorithm

This section describes the sender-side algorithmin nore detail. It
is split between the network congestion control, sender transm ssion
control, and nmedia rate control

4.1. Sender Side State

The sender needs to mmintain sending state and state about the
received feedback, as explained in the follow ng subsecti ons.

4.1.1. Status Update When Sendi ng Data

SCReAM/2 is a wi ndow based and byte-oriented congestion contro
protocol, where the nunber of bytes transnmitted is inferred fromthe
size of the transmitted data units. Thus, a list of transnitted data
units and their respective transmssion tinmes (wall-clock time) MIST
be kept for further calculation. Further the follow ng variables are
needed:

* data_unit_size (0): Size [byte] of the last transmitted data unit.

* bytes_in_flight: The nunber of bytes in flight is conputed as the
sum of the sizes of the data units ranging fromthe data unit nost
recently transmtted, down to but not including the acknow edged
data unit with the hi ghest sequence nunber.

bytes in flight can be also seen as the difference between the

hi ghest transnitted byte sequence nunber and the hi ghest acknow edged
byt e sequence number. As an exanple: If a data unit with sequence
nunber SN is transmtted and the | ast acknow edgenent indicates SN-5
as the highest received sequence nunber, then bytes in flight is
conputed as the sumof the size of data units with sequence nunber
SN-4, SN-3, SN2, SN-1, and SN. It does not matter if, for instance,
the data unit with sequence nunmber SN-3 was lost -- the size of data
unit with sequence number SN-3 will still be considered in the

comput ation of bytes in_flight.

* ref_wnd ratio (0.0): Ratio between MSS and ref _wnd capped to not
exceed 1.0 (nmin(1.0, MBS/ ref_wnd)).
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* max_bytes_in_flight (0): The nmaxi mum nunber of bytes in flight in
the current round trip [byte].

* max_bytes in flight _prev (0): The maxi mum nunber of bytes in
flight in previous round trip [byte].

As bytes_in_flight can spi ke when congestion occurs, using the
m ni mum of max_bytes_in_flight and max_bytes_in flight_prev makes it
more |ikely that an uncongested bytes_in_flight is used.

4.1.2. Status Update on Receiving Feedback

The feedback fromthe receiver is assuned to consist of the follow ng
el ement s:

* The receiver wall-clock tinmestanp corresponding to the reception
time of the data unit with the highest sequence nunber.

* data_units_acked: A list of received data units’ sequence nunbers.

* data_units_acked ce: An indication if data units are ECN CE
mar ked. The ECN status can be either per data unit or an
accunul ated count of ECN CE marked data units.

* bytes_newly _acked (0): Nunmber of bytes newly ACKed, reset to O
when congesti on wi ndow i s updated [byte].

* bytes newly acked ce (0): Nunber of bytes newly ACKed and CE
mar ked, reset to O when reference wi ndow is updated [byte].

bytes _new y_acked is incremented with a val ue corresponding to how
much t he hi ghest sequence nunber has increased since the |ast

f eedback. As an exanple: If the previous acknow edgenent indicated

t he hi ghest sequence nunber N and the new acknow edgenent i ndicated
N+3, then bytes newly acked is increnented by a value equal to the
sum of the sizes of data units with sequence nunber N+1, N+2, and
Nt3. Data units that are |lost are also included, which neans that
even though, e.g., data unit N+2 was lost, its size is still included
in the update of bytes newl y_acked. The bytes_newly acked ce is,
simlar to bytes newy acked, a counter of bytes newy acked with the
extra condition that they are ECN-CE narked. The bytes newl y_ acked
and bytes newy acked ce are reset to zero after a ref _wnd update.

4.2. Network Congestion Control
Thi s section explains the network congestion control, which

cal cul ates the reference window. The reference wi ndow gi ves an upper
limt to the nunber of bytes in flight.
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4.2.1. Congestion Detection: Delay, Data Unit Loss and ECN CE
Congestion is detected based on three different indicators:
* Lost data units detected,
* ECN CE marked data units detected either for classic ECN or LA4S,
* Estimated queue del ay exceeds a threshol d.

A congestion event occurs if any of the above indicators are true AND
it is at least min(VIRTUAL RTT,s rtt) since the |last congestion

event. This ensures that the reference window is reduced at nost
once per snoot hed RITT.

4.2.1.1. Detecting Lost Data Units

The reference wi ndow back-off due to | oss events is deliberately a
bit less than is the case with TCP Reno, for example. TCP is
generally used to transmt whole files; the file is then like a
source with an infinite bitrate until the whole file has been
transmtted. SCReAM/2, on the other hand, has a source which rate is
limted to a value close to the available transmt rate and often

bel ow that value; the effect is that SCReAM/2 has | ess opportunity to
grab free capacity than a TCP-based file transfer. To compensate for
this, it is RECOMWENDED to | et SCReAM/2 reduce the reference w ndow
|l ess than what is the case with TCP when | oss events occur.

Lost data unit detection is based on the received sequence nunber
list. A reordering wi ndow SHOULD be applied to prevent data unit
reordering fromtriggering |l oss events. The reordering wi ndow is
specified as a tine unit, simlar to the i deas behind Recent

ACKnow edgenent (RACK) [RFC8985]. The conputation of the reordering
wi ndow i s made possible by nmeans of a lost flag in the |ist of
transmtted data units. This flag is set if the received sequence
nunber list indicates that the given data unit is mssing. |If later
feedback indicates that a previously lost narked data unit was indeed
received, then the reordering windowis updated to reflect the
reordering delay. The reordering window is given by the difference
intime between the event that the data unit was marked as |ost and
the event that it was indicated as successfully received. Loss is
detected if a given data unit is not acknow edged within a tine

wi ndow (indicated by the reordering window) after an data unit with a
hi gher sequence nunber was acknow edged.
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4.2.1.2. Receiving ECN-CE with cl assic ECN

In classic ECN node the ref_wnd is scaled by a fixed val ue
( BETA_ECN) .

The reference wi ndow back-off due to an ECN event MAY be smaller than
if aloss event occurs. This is inline with the idea outlined in

[ RFC8511] to enable ECN marking threshol ds | ower than the
correspondi ng data unit drop threshol ds.

4.2.1.3. Receiving ECN-CE for L4S

The ref _wnd is scaled down in proportion to the fraction of marked
data units per RTT. The scale down proportion is given by |4s_al pha,
which is an Exponentially Weighted Mving Average (EWWA) filtered
version of the fraction of marked data units per RTT. This is inline
wi th how DCTCP works [ RFC8257]. Additional nethods are applied to
make the reference wi ndow reducti on reasonably stable, especially
when the reference windowis only a few MSS. | n addition, because
SCReAM/2 can quite often be source linmted, additional steps are
taken to restore the reference windowto a proper value after a | ong
peri od wi thout congestion.

| 4s_al pha is cal cul ated based in nunber of data units delivered (and
mar ked) the follow ng way:

data units_delivered this rtt += data units_acked
data units _marked this rtt += data units_acked ce
# | 4s_al pha is updated at |east every 10ns
if (now - last _update |4s _alpha_ time >= min(0.01,s rtt)
# | 4s_alpha is calculated fromdata_units marked istf bytes narked
fraction _marked t = data units nmarked this rtt/
data units_delivered this rtt

# Apply a fast attack sl ow decay EWA
if (fraction_marked t >= | 4s_al pha)

| 4s_al pha = L4S_AVG G UP*fraction_marked_t + (1.0-L4S AVG G UP)*14S_al pha
el se

| 4s_al pha = (1. 0-L4S_AVG G DOMN) *| 4S_al pha

| ast _update | 4s_al pha_tinme = now

data units _delivered this rtt =0

data_units_marked_this_rtt =0

last fraction_marked = fracti on_narked_t
end
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Thi s makes cal cul ation of L4S al pha nore accurate at very | ow
bitrates, given that the tail data unit in e.g a video franme is often
smal | er than MSS.

The foll owi ng variabl es are used:
* |4s_alpha (0.0): Average fraction of nmarked data units per RITT.

* |ast_update_ | 4s_al pha_tinme (0): Last tine |4s_al pha was updat ed

[s].

* data_units _delivered this rtt (0): Counter for delivered data
units.

* data_units_marked this_ rtt (0): Counter delivered and ECN CE
mar ked data units.

* last_fraction_marked (0.0): fraction marked data units in | ast
updat e

The foll owi ng constants are used

* L4S AVG G UP (1/8): Exponentially Wighted Mving Average (EWAR)
factor for |4s_al pha increase

*  L4S AVG G DOMN (1/128): Exponentially Wi ghted Myving Average
(EWWA) factor for |4s_al pha decrease

The cal culation of |4s_alpha is done with an fast attack sl ow decay
EWWA filter. This can give a nore stable perfornmance when L4S
bott| enecks have hi gh marking threshol ds.

4.2.1.4. Detecting Increased Queue Del ay

SCReAM/2 i npl enments a del ay- based congestion control approach where
it mimcs L4S congestion marki ng when the averaged queue del ay
exceeds a target threshold. This threshold is set to qdelay_target/2
and t he congestion backoff factor (l|4s_al pha_v) increases linearly
fromO to 100% as qdel ay_avg goes fromqdelay target/2 to

gdel ay target. The averaged qdel ay (qdelay_avg) is used to avoid
that the SCReAM/2 congestion control over-reacts to scheduling
jitter, sudden delay spikes due to e.g. handover or |ink |ayer
retransm ssions.

gdel ay_avg is updated with a slow attack, fast decay EWVMA filter as
descri bed bel ow.
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if (now - last_update_qdelay_avg time >= min(virtual _rtt,s rtt)
# Cal cul ate gdel ay_avg
if (qdelay < qdel ay_avg)
gdel ay_avg = qgdel ay
el se
gdel ay_avg
end

Q@ELAY_AVG G qdel ay + (1.0-QDELAY_AVG G *qdel ay_avg

# Optional code to calculate the variation on queue delay, which is an
# I ndi cati on of congestion or near congestion
i f (REDUCE_JI TTER == true)
cal cul ate_qgdel ay_norm()
end
| ast _update_qdel ay_avg_tine = now
end

The foll owi ng variabl es are used:

* qdelay (0): Wien the sender receives feedback, the qgdelay is
calculated as outlined in [RFC6817]. A qdelay sanmple is obtained
for each received acknow edgenent. It is typically sufficient
wi th one update per received acknow edgenent.

* |last_update_qgdelay avg tinme (0): Last tine qdelay_avg was updated

[s].

* s rtt (0.0): Snpothed RTT [s], computed with a simlar nmethod to
that described in [ RFC6298].

The foll owi ng constants are used:

*  (QDELAY_AVG G (1/4): Exponentially Weighted Mving Average (EWR)
factor for qdel ay_avg

* REDUCE JITTER (false): (optional) config knob to enable jitter
filtering

The SCReAM al gorithm can be further inproved for a greater rate
stability by taking variations in gdelay into consideration. The
goal is to react less to delay variations, caused by e.g. link |ayer
rel ated scheduling and retransm ssions, but still be reactive to
actual queue del ay, caused by congestion. The code bel ow provi des a
exanmpl e inpl ementati on but nore advanced statistical analysis can be
consi der ed.

The vari abl e gqdel ay_dev_norm i ndi cat es how nuch the queue del ay

varies, nornalized to QDELAY DEV_.NORM A small nargin
QDELAY_DEV_NORM 4 is inplenented to reduce sensitivity to link |ayer
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scheduling jitter and retransmissions. |In addition, alimt is

i mpl emented to avoid that qdel ay_dev_normw nds up to very | arge

val ues in cases of severe congestion. This limt is a factor |arger
than QDELAY DEV._NORM TH. It increases when ref_wnd/MSS is small and
therefore the relative increase of ref wnd is large. This reduces
delay and rate variations particularly for small ref_wnd val ues. The
threshold is linmted to a maxi mum value of 0.1 which is applied when
the standard deviation of the delay jitter exceeds the threshold.

function cal cul ate_qdel ay_norm()
# Cal cul ate gdel ay_dev_normand cap in range [0.0, QDELAY _DEV_NORM TH*1. 5]
tnmp = max(0, nmin(QDELAY_DEV_NORM TH1.5, (qdel ay- QDELAY_DEV_NORM 4)/ QDELAY_DEV_NORM) )
gdel ay_dev_norm = (1. 0- QQELAY_DEV_AVG G * qdel ay_dev_norm +
QELAY_DEV_AVG G * tnp
end

The follow ng variables are used: H

* qdelay_dev_norm (0): indicates how nmuch the queue del ay varies,
normal i zed to QDELAY_DEV_NORM

The foll owi ng constants are used:

*  (DELAY_DEV_AVG G (1/64): Exponentially Weighted Mving Average
(EWVA) factor for qdel ay_dev_norm

*  (QDELAY_DEV_NORM (0.025): The normalization factor for
gdel ay_dev_norm

*  (DELAY_DEV_NORM TH (1.0): A threshold for the limtation ref_wnd
growt h and ref_wnd_over head.

4.2.1.4.1. Conpeting Fl ows Conpensation

It is likely that a floww Il have to share congested bottl| enecks
with other flows that use a nore aggressive congestion control

al gorithm (for exanple, large FTP flows using | oss-based congestion
control). The worst condition occurs when the bottl eneck queues are
of tail-drop type with a large buffer size. SCReAM/2 takes care of
such situations by adjusting the gdel ay _target when | oss-based fl ows
are detected, as shown in the pseudocode bel ow
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adj ust _qdel ay_t ar get (gdel ay)
gdel ay_normt = qdelay / QDELAY _TARGET_LOW
updat e_qdel ay_norm hi story(qdel ay_norm t)
# Conpute vari ance
gdel ay_norm var t = VARI ANCE(qdel ay_norm hi st ory(200))
# Conpensation for conpeting traffic
# Conpute aver age
gdel ay_norm avg_ t = AVERAGE(qdel ay_norm hi st ory(50))
# Compute upper limt to target del ay
new target t = qdelay _normavg_t + sqrt(qdelay_normyvar t)
new target _t *= QDELAY_TARGET_LO
if (loss_event rate > 0.002)
# Data unit | osses detected
gqdel ay_target = 1.5 * new_ target _t
el se
if (qdelay normvar_t < 0.2)
# Reasonably safe to set target qdel ay
gdel ay_target = new target t
el se
# Check if target delay can be reduced; this hel ps prevent
# the target delay from being | ocked to high values forever
if (new target t < QDELAY _TARGET LO
# Decrease target delay quickly, as nmeasured queuing
# delay is |ower than target
gdel ay_target = max(qdelay_target * 0.5, new_ target _t)
el se
# Decrease target delay slowy
gdel ay target *= 0.9
end
end
end

# Apply limts
gdel ay_target = m n( QDELAY_TARGET_HI, qdel ay_target)
gdel ay_target = max( QDELAY _TARGET_LO, qdel ay_target)

The fol | woing variable is used:

* |oss_event_rate (0.0): The estimated fraction of RTTs with | ost
data units detected.

Two tenporary variables are calculated. qdelay normavg t is the

| ong-term average queue del ay, qdelay_normvar_t is the long-term
vari ance of the queue delay. A high qdelay_normvar_t indicates that
the queue del ay changes; this can be an indication that bottl eneck
bandwi dth is reduced or that a conpeting flow has just entered.

Thus, it indicates that it is not safe to adjust the queue del ay
target.
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A |l ow qgdel ay_normyvar_t indicates that the queue delay is relatively
stable. The reason could be that the queue delay is low, but it
could al so be that a conmpeting flow is causing the bottleneck to
reach the point that data unit | osses start to occur, in which case
the queue delay will stay relatively high for a | onger tine.

The queue delay target is allowed to be increased if either the |oss
event rate is above a given threshold or gdelay_normvar_t is |ow
Both these conditions indicate that a competing fl ow may be present.
In all other cases, the queue delay target is decreased.

The function that adjusts the qdelay target is sinple and could
produce fal se positives and fal se negatives. The case that self-
inflicted congestion by the SCReAM/2 al gorithm may be fal sely
interpreted as the presence of conpeting | oss-based FTP flows is a
fal se positive. The opposite case -- where the algorithmfails to
detect the presence of a conpeting FTP flow -- is a false negative

Ext ensi ve sinul ati ons have shown that the algorithmperfornms well in
LTE and 5G test cases and that it also performs well in sinple

bandwi dth-limted bottleneck test cases with conpeting FTP fl ows.
However, the potential failure of the algorithmcannot be conpletely
ruled out. A false positive (i.e., when self-inflicted congestion is
m stakenly identified as conpeting flows) is especially problenatic
when it leads to increasing the target queue delay, which can cause
the end-to-end delay to increase dramatically.

If it is deermed unlikely that conpeting flows occur over the sane
bottl eneck, the algorithmdescribed in this section MAY be turned
off. One such case is QS-enabl ed bearers in 3GPP-based access such
as LTE and 5G  However, when sending over the Internet, often the
network conditions are not known for sure, so in general it is not
possi bl e to nake safe assunptions on how a network is used and

whet her or not conpeting flows share the same bottl eneck. Therefore,
turning this algorithmoff nust be considered with caution, as it can
|l ead to basically zero throughput if conpeting with | oss-based
traffic.

4.2.2. Reference Wndow Update
The reference wi ndow update contains two parts. One that reduces the
ref erence wi ndow when congestion events (listed above) occur, and one
part that continuously increases the reference w ndow.

The foll owi ng variabl es are defi ned:

* ref_wnd (M N REF_ VWAD): Reference w ndow [ byte].
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*

ref_wnd_i (1): Reference w ndow inflection point [byte].

gdel ay_target (QDELAY _TARGET _LO: qdelay target [s], a variable
gdel ay target is introduced to nmanage cases where a fixed qdel ay
target woul d ot herwi se starve the data fl ow under such
circunstances (e.g., FTP conpetes for the bandw dth over the sane
bottl eneck). The qdelay target is allowed to vary between
QDELAY_TARCET _LO and QDELAY_TARGET_HI

| ast _congestion_detected tinme (0): Last time congestion detected

[s].

| ast_reaction_to_congestion_time (0): Last time congestion
avoi dance occured [s].

|last _ref _wnd_ i update tine (0): Last time ref_wnd_ i was updated

[s].

Further the follow ng constants are used (the RECOMMENDED val ues,
within parentheses "()", for the constants are deduced from
experinents):

*

QELAY_TARGET LO (0.06): Target value for the m ni mum qdel ay [s].

QDELAY_TARCET_H (0.4): Target value for the maxi num gdelay [s].
Thi s paraneter provides an upper limt to how much the target
gdel ay (qdel ay_target) can be increased in order to cope with
conpeting | oss-based flows. However, the target qdel ay does not
have to be initialized to this high value, as it would increase
end-to-end delay and al so nake the rate control and congestion
control | oops sluggish.

M N_REF_VAD (3000): M nimum reference wi ndow [ byte].

BYTES | N FLI GHT_HEAD ROOM (1.5): Extra headroom for bytes in
flight.

BETA LGCSS (0.7): ref_wnd scale factor due to | oss event.
BETA ECN (0.8): ref_wnd scale factor due to ECN event.
MSS (1000): Maxi num segnment size = Max data unit size [byte].

POST_CONGESTI ON_DELAY_RTT (100): Determnes how many RTTs after a
congestion event the reference wi ndow growth shoul d be cauti ous.

MUL_| NCREASE _FACTOR (0.02): Determ nes how much (as a fraction of
ref_wnd) that the ref _wnd can increase per RTT.
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* | S_L4S (false): Congestion control operates in L4S node

* VIRTUAL_RTT (0.025): Virtual RTT [s]. This mmcs Prague’s RTT
fairness such that flows with RTT bel ow VI RTUAL_RTT shoul d get a
roughly equal share over an L4S path.

* M N_QUEUE_DELAY_DEV_SCALE (0.1): Mn allowed scaling of ref_wnd
backoff and increase due to | arge gdel ay_dev_norm

4.2.2.1. Reference W ndow Reducti on

# Conpute scaling factor for reference w ndow adj ust nent

# when close to the last known max val ue before congestion
# ref_wnd_i is updated before this code

# |l oss_detected and data_units_marked indicates that packets
# are marked or |ost since |last _reaction_to _congestion_tine

scl t = (ref_wnd-ref_wnd_i) / ref_wnd_i
scl _t *= 8

scl _t = scl_t * scl_t

scl _t = max(0.1, nmn(1.0, scl_t))

if (loss_detected || data_units_marked)

| ast _congestion_detected tinme = now
end

# The reference window is updated at | east every VIRTUAL RTT
if (now - last_reaction_to_congestion_time >= m n(VIRTUAL_RTT,s_rtt)
if (loss_detected)
is loss t = true
else if (data_units_marked)
is_ce t =true
else if (qdelay_avg > qdelay target/2 & !(is_ce_t || is_loss_t))
# The cal cul ation of |4s_alpha_v_t is based on qdel ay_avg to reduce
# sensitivity to sudden non-congestion rel ated del ay spi kes that can
# occur due to |l ower protocol retransm ssions or cell change
| 4s_al pha_v_t = min(1.0, max(0.0O0,
(qdel ay_avg - qdelay_target / 2) /
(gqdel ay_target / 2)))
is virtual _ce t = true

end
end
if (is_loss_t || is_ce t || is_virtual _ce_t)
if (now - last_ref_wnd_ i_update time > 10*s_rtt)
# Update ref _wnd_i, no nore often than every 10 RTTs

# Additional nedian filtering over nore congestion epochs
# may inprove accuracy of ref_wnd_i
last _ref _wnd i update tinme = now
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ref_wnd_i = ref_wnd
end
end

# Either loss, ECN nark or increased qdelay is detected
if (is_loss t)

# Loss is detected

ref_wnd = ref_wnd * BETA LCSS

end
if (is_ce_t)
# ECN- CE det ected
if (1S_L4S)
# L4S node
backoff _t = l4s_alpha / 2
# Scal e down backoff when RTT is high to avoid overreaction to
# congestion
backoff t /= max(1.0, s_rtt/VIRTUAL_RTT)
# Jitter is considered large if the qdelay is larger than qdelay_target/4
# when L4S is enabl ed
if (qdelay < gdelay_target * 0.25)
# Scal e down backoff if close to the I ast known nax reference w ndow
# This is conplenmented with a scale down of the reference w ndow increase
backoff _t *= max(0.25, scl _t)
# Optional additional code for increased rate stability
# qdelay_dev_normis zero if REDUCE JITTER is fal se
# Counterbal ance the limtation in CMD increase when the queue
# delay varies. This helps to avoid starvation in the presence of
# conpeting TCP Prague flows
# Code has no effect if REDUCE JI TTER == fal se
backoff _t *= max(M N_QUEUE_DELAY_DEV_SCALE,
( QDELAY_DEV_NORM TH - qdel ay_dev_normn) / QDELAY_DEV_NORM TH)
end
if (now - last_reaction_to_congestion_time >
100*max( VI RTUAL_RTT,s rtt))
# Along tine (>100 RTTs) since |ast congested because
# link throughput exceeds max video bitrate.
# There is a certain risk that ref_wnd has increased way above
# bytes in flight, so we reduce it here to get it better on
# track and thus the congestion episode is shortened
ref_wnd = min(ref_wnd, max_bytes_in_flight_prev)
end
ref_wnd = (1.0 - backoff _t) * ref_wnd
el se
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# O assic ECN node
ref_wnd = ref_wnd * BETA ECN
end
end
if (is_virtual _ce_t)
backoff t = l4s alpha v t / 2

# Scal e down backoff when RTT is high to avoid overreaction to
# congestion
backoff t /= max(1.0, s_rtt/VIRTUAL_RTT)

ref_wd = (1.0 - backoff t) * ref_wnd
end
ref _wnd = max(M N_REF_WND, ref_wnd)

if (is_loss_t || is_ce_t || is_virtual_ce_t)
| ast_reaction_to _congestion_tine = now
end

4.2.2.2. Ref erence W ndow | ncrease

# Delay factor for nultiplicative reference w ndow i ncrease
# after congestion

post _congestion_scale_t = max(0.0, mn(1l.0,
(now - | ast_congestion_detected tinme) /
( POST_CONGESTI ON_DELAY_RTTS * max(VI RTUAL_RTT, s_rtt))))

# Scal e factor for ref_wnd update
ref_wnd _scale factor t = 1.0 + (MJL_I NCREASE FACTOR * ref_wnd) / MS

# Cal cul ate bytes acked that are not CE marked
# For the case that only accunul ated nunber of CE marked packets is
# reported by the feedback, it is necessary to make an approxi mation
# of bytes newly _acked ce based on average data unit size.
bytes new y _acked mnus ce t = bytes newy acked-

bytes_new y_acked_ce

increment _t = bytes newly_acked _mnus_ce t*ref_wnd_ratio

# Reduce increnment for small RTTs

tmp_t = mn(1.0, s_rtt / VIRTUAL_RTT)

increment _t *= tnp_t

# Apply limt to reference wi ndow growth when close to | ast

# known max val ue before congestion
increment _t *= nax(0.25,scl _t)
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Optional additional code for increased rate stability

gdel ay_dev_normis zero if REDUCE JITTER is fal se

Put a additional restriction on reference window growh if qdelay varies a |ot.

Better to enforce a slow increase in reference wi ndow and get

a nore stable bitrate. Restriction is Iimted by MN QUEUE DELAY DEV_SCALE to avoid tha

ref _wnd grow h becones zero.
Code has no effect if REDUCE JI TTER == fal se
increment _t *= pax(M N_QUEUE_DELAY DEV_SCALE,
( QDELAY_DEV_NORM TH - qdel ay_dev_normn) / QDELAY_DEV_NORM TH)

HH T HHFHH R

# Scale up increment with multiplicative increase
# Limit multiplicative increase when congestion occurred
# recently and when reference window is close to the |ast
# known max val ue.
float tnp_t = ref_wnd_scale factor _t
if (tnmp_t > 1.0)
tmp_t = 1.0 + (tnp_t - 1.0) * post_congestion_scale t * scl t
end
increment _t *= tnp_t

# Increase ref _wnd only if bytes in flight is |arge enough

# Quite a lot of slack is allowed here to avoid that bitrate

# locks to | ow val ues.

# Increase is inhibited if max target bitrate is reached.

max_al lowed_t = MSS + max(max_bytes_in_flight,
max_bytes_in_flight_prev) * BYTES_|IN FLI GHT_HEAD ROOM

int ref_wd t = ref_wnd + increnent _t

if (ref_wnd t <= max_allowed t && target bitrate < TARGET_BI TRATE MAX)
ref_wnd = ref_wnd_t

end

The ref _wnd_scal e factor_t scales the reference wi ndow i ncrease. The
ref_wnd_scale factor_t is increased with larger ref_wnd to allow for
a multiplicative increase and thus a faster convergence when |ink
capacity increases.

The nmultiplicative increase is restricted directly after a congestion
event and the restriction is gradually relaxed as the tine since |ast
congested increased. The restriction nmakes the reference w ndow
growh to be no faster than additive increase when congestion
continuously occurs. For L4S operation this nmeans that the SCReAM/2
algorithmwi |l adhere to the 2 marked data units per RTT equilibrium
at steady state congestion, with the exception of the case bel ow.

The reference window increase is restricted to values as small as
0. 1IMSS/ RTT when the reference window is close to the | ast known max
value (ref _wnd_i). This increases stability and reduces periodic
over shoot .
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It is particularly inportant that the reference wi ndow reflects the
transmitted bitrate especially in L4S node operation. An inflated
ref_wnd takes extra RTTs to bring down to a correct val ue upon
congestion and thus causes unnecessary queue buil dup. At the sane
time the reference wi ndow nust be allowed to be | arge enough to avoid
that the SCReAM/2 algorithmbegins to limt itself, given that the
target bitrate is calcul ated based on the ref_wnd. Two nechani sns
are used to manage this:

* Restore correct value of ref_wnd upon congestion. This is done if
is a prolonged tine since the link was congested. A typical
exanmple is that SCReAM/2 has been rate limted, i.e the target
bitrate has reached the TARGET_BI TRATE MAX.

* Limt ref_wnd when the target_bitrate has reached
TARGET_BI TRATE_ MAX. The ref _wnd is restricted based on a history
of the last max_bytes in _flight values. See
[ SCReAM CPP-i npl enrent ati on] for details.

The two mechani sms conpl enent one anot her.
4.3. Sender Transni ssion Control

The Sender Transni ssion control cal cul ates of send wi ndow at the
sender. Data units are transmitted if allowed by the relation

bet ween the nunmber of bytes in flight and the reference wi ndow. This
is controlled by the send w ndow

* send wnd (0): Upper limt to how many bytes can currently be
transmtted. Updated when ref _wnd is updated and when data unit
is transmitted [byte].

4.3.1. Send Wndow Cal cul ati on

The basic design principle behind data unit transmi ssion in SCReAM
was to allow transmission only if the nunmber of bytes in flight is

| ess than the congesti on wi ndow. There are, however, two reasons why
this strict rule will not work optimally:

* Bitrate variations: Media sources such as video encoders generally
produce franmes whose size always vary to a larger or snaller
extent. The data unit queue absorbs the natural variations in
frane sizes. However, the data unit queue should be as short as
possible to prevent the end-to-end delay fromincreasing. A
strict 'send only when bytes in flight is less than the reference
wi ndow rule can cause the data unit queue to grow sinply because
the send windowis Iimted. The consequence is that the reference
wi ndow wi Il not increase, or will increase very slowy, because
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the reference windowis only allowed to increase when there is a
sufficient amobunt of data in flight. The final effect is that the
media bitrate increases very slowy or not at all

* Reverse (feedback) path congestion: Especially in transport over
buf f er - bl oat ed networks, the one-way delay in the reverse
direction can junp due to congestion. The effect is that the
acknow edgenents are del ayed, and the self-clocking is temporarily
hal t ed, even though the forward path is not congested. The
ref _wnd_overhead allows for sone degree of reverse path congestion
as the bytes in flight is allowed to exceed ref_wnd.

In SCReAM/2, the send window is given by the relation between the

adj usted reference wi ndow and the anobunt of bytes in flight according
to the pseudocode below. The multiplication of ref_wnd with

ref _wnd_overhead has the effect that bytes in flight is "around the
ref_wnd rather than limted by the ref_wnd. The inplenentation

all ows the data unit queue to be small even when the frane sizes vary
and thus increased e2e delay can be avoi ded.

send_wnd = ref_wnd * ref_wnd_overhead - bytes_in_flight

The send wi ndow i s updated whenever an data unit is transnmitted or an
f eedback messaged is received.

The ref _wnd_overhead is adjusted dynamically. A large overhead is
beneficial when the network link is uncongested as it allows to
transmit large nedia franes with little transm ssion delay. A |arge
overhead is al so beneficial for cases where network |inks use virtua
queue marking or can tenporarly absorb bursts from L4S capabl e fl ows.
If, on the other hand the network Iink is congested, then it is
better to restrict how nuch bytes in flight exceeds the reference

wi ndow because is not possible to push data faster than the reference
wi ndow allows. This restriction reduces varaitions in RTT caused by
sel f-congestion and i nproves perfornance for the cases where nedia
encoders are slow to react to changes in target rate.

The foll owi ng constants are used (the RECOMVENDED val ues, within
parent heses "()", for the constants are deduced from experinents):

* REF_VWAND OVERHEAD M N (1.5): Indicates a lower lint how nuch bytes
inflight is allowed to exceed ref_wnd.

* REF_WND OVERHEAD MAX (3.0): Indicates an upper limt how nuch
bytes in flight is allowed to exceed ref_wnd. This is roughly
equal to MAX RELAXED PACI NG FACTOR to allow that nedia frames can
be transmitted quickly when the transmi ssion channel is
uncongest ed.
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The ref _wnd_overhead is cal cul ated as:

ref _wnd_overhead = REF_WND OVERHEAD M N +
(REF_VWAD_OVERHEAD MAX - REF_VWD_OVERHEAD M N) *max( 0. 0, ( QOELAY_DEV_NORM TH- qdel ay_dev_no
rm / QDELAY_DEV_NORM TH)

4.3.2. Packet Pacing

Packet pacing is used in order to nmitigate coal escing, i.e., when
packets are transmtted in bursts, with the risks of increased jitter
and potentially increased packet | oss. Packet pacing is also highly
recomended to be used with L4S and al so nitigates possible issues
wi th queue overflow due to key-frane generation in video coders.
However, when the link is uncongested, it is beneficial to relax the
packet pacing and allow frames to be transmtted faster, to reduce
end to end delay on the application |ayer.

* pace_bitrate (le6): Data unit pacing rate [bps].

* t_pace (le-6): Pacing interval between data units [s].

The foll owi ng constants are used by the packet pacing:

* RATE_PACE_M N (50000): M ninum pacing rate in [bps].

*  PACKET_PACI NG_HEADROOM ( 1.5): Headroom for packet pacing.

*  MAX_RELAXED PACI NG FACTOR (4.0): Max extra packet pacing when the
medi a coder reaches the max bitrate. This should be roughly equal
t o REF_WND OVERHEAD MAX.

*  RELAXED PACING LIMT LOW(0.8): Nonminal bitrate fraction of
TARGET_BI TRATE_MAX at whi ch the pacing should be increasingly
rel axed.

The tine interval between consecutive data unit transmissions is

greater than or equal to t_pace, where t_pace is given by the
equat i ons bel ow
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pace_bitrate = max(RATE_PACE_ M N, target bitrate) *
PACKET_PACI NG_HEADROOM

# Cal cul ate and apply rel axed pacing
nom nal _rate t = target bitrate/ TARGET Bl TRATE MAX
pace rate scale t = nin(1.0,

(nom nal _rate_t-RELAXED PACING LIMT LOWN/ (1.0 - RELAXED PACING LIMT_LOW)
pace rate_scale_t = nmn(1.0,

max(1.0 / MAX_RELAXED PACI NG FACTOR, 1.0 - pace_rate_scale_t))
pace bitrate /= pace_rate_scale_t
t pace = data unit_size * 8 /| pace bitrate

data unit _size is the size of the last transmtted data unit.
RATE_PACE M N i s the m ni mum paci ng rate.

4.4. Media Rate Control

The nedia rate control algorithmis executed whenever the reference
wi ndow i s updated and cal cul ates the target bitrate:

* target _bitrate (0): Media target bitrate [bps].

* rate_adjust _factor (0): Adjustnent factor to avoid unnecessary
medi a queue bui | dup.

* frame_size_dev (0): Frane size deviation.

* franme_period (0.02): An estinmated frane period.

The foll owi ng constants are used by the nedia rate control:

*  PACKET_OVERHEAD (20) : Estimated packetizati on overhead [byte].

*  TARGET_BITRATE MN. Mninumtarget bitrate in [bps] (bits per
second) .

*  TARGET_BI TRATE_MAX: Maxi mumtarget bitrate in [bps].

*  RATE_ADJUST _GAIN (1/16): Adjustnment gain for rate adjustnent to
conpensate for nmedi a queue buil dup.

*  FRAME_SI ZE_DEV_ALPHA (1/64): Time constant to conpensate for
varying frane sizes.

The target bitrate is essentiatlly based on the reference w ndow
ref_wnd and the (snmoothed) RTT s rtt according to
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target _bitrate =8 * ref_wnd / s_rtt

The role of the nmedia rate control is to strike a reasonabl e bal ance
bet ween a | ow anbunt of queuing in the data unit queue(s) and a
sufficient anmount of data to send in order to keep the data path
busy. Because the reference wi ndow is updated based on | oss, ECN CE
and del ay, so does the target rate al so update.

The code above however needs sone nodifications to work fine in a
nunber of scenari os

* ref_wnd is very small, just a few MSS or snaller
* The medi a queue grows | arge, which can result in |large e2e del ay

* The franme sizes vary nuch, which can result in larger e2e delay if
not conpensated for

The rate_adjust _factor helps to reduce the target rate when the del ay
in the data unit increases beyond frame_period/4, this allows for
some nodest queue buildup to ensure a good link utilization. The
frame_size dev cal cul ates the positive deviation in frane sizes from
the nonminal, this hel ps conpensate for larger variations in frane
size, systematic errors in nedia encoder output bitrate and also to
some extent sluggish nmedia rate control |oops where the nedia coder
rate |l ags behind the target bitrate. The conplete pseudo code for
adjustnent of the target bitrate is shown below. The algorithmparts
for rate_adjust _factor and frame_size _dev are suggested exanpl es how
to conpensate for that franes sized deviate fromthe noni nal
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# Calculate the rate_adjust_factor and the frame_size_dev for each new nedia frane.
# The input variables are nedia qdelay [s] and frane_size [byte].

# The nedia_qgdelay is the elapsed tinme the ol dest nedia packet has

# been in the nmedi a queue.

#

The rate adjust factor is updated with an | (integration) controller.
# Cap values in range [0.0 0.5]
error = (nedia_qdelay - frane_period / 4) /| frame_period
rate_adjust_factor += error * RATE _ADJUST_GAI N
rate_adjust _factor = mn(0.5 nmax(0.0, rate_adjust _factor)

# The frane_size_dev estimates the deviation fromthe nominal frane size for

# the given bitrate and frame peri od.

# Cap values in range [0.0 0.2]

franmesi ze_nom = target_bitrate * frame_period / 8

deviation = max(0.0, (frame_size - frame_size non) / frane_size non)

frane_size dev = min(0.2, (1 - FRAME SIZE DEV_ALPHA) * frane_size dev +
FRAMVE_SI ZE DEV_ALPHA * devi ati on)

tmp_t = 1.0

# Scale down rate slightly when the reference wi ndow is very
# smal |l conpared to MSS
tnp_t *= 1.0 - nin(0.2, max(0.0, ref_wnd_ratio - 0.1))

# Additional conpensation for packetization overhead,
# inportant when MSS is small
tnmp_t_ *= MBS / (MSS + PACKET_OVERHEAD)

# An additional downscaling is needed to avoid unnecessary
# sender queue build-up, better to set the target bitrate
# slightly lower than what ref_wnd and s_rtt indicates
tmp_t /= 1.2 + rate_adjust_factor + frane_size_dev

# Calculate target bitrate and linmt to mn and nmax al |l owed
# val ues
target _bitrate =tnp_t * 8 * ref_wnd / s_rtt
target _bitrate = m n( TARGET_BI TRATE_MAX,
max( TARGET_BI TRATE_M N, target_bitrate))

4.5. dock drift issues and renedi es

SCReAM can suffer fromthe sanme issues with clock drift as is the
case with LEDBAT [ RFC6817]. However, Appendix A 2 in [RFC6817]
describes ways to mtigate issues with clock drift. A clockdrift
conpensation nmethod is also inplemented in

[ SCReAM CPP-i npl emrentation]. The SCReAM i npl enentation resets base
delay history when it is determned that clock drift or skip becones
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too large. This is achieved by reducing the target bitrate for a few
RTTs.

The vari abl es and constants are: * delay mn_avg (0): Along term
averaged min queue delay [s].

* qdelay_min (MAX_ VALUE): The min queue del ay neasured during an RTT
[s], initialized to a very high val ue.

*  QDELAY_M N _AVG ALPHA (1/256): Slow EWVA tine constant for
del ay_m n_avg.

The steps for the clockdrift conpensation is as foll ows:
* Store the min qdelay (qdelay_mn) during one RTT.
*  \When an RTT has el apsed:

# Updat e del ay_mi n_avg
gqdelay_mn_avg = (1 - QDELAY_M N _AVG ALPHA) * qdelay_m n_avg +
QELAY_M N_AVG ALPHA * qdel ay_nin
gdelay_mn = MAX VALUE # set qdelay _mn to a very high val ue
if gdelay_mn_avg > qdelay target / 4
gdelay mn avg = 0
# I nplement the follow ng actions
# 1. Reset queue delay history
# 2. Scale down target bitrate by 50%for a period of max(5 * s_rtt, 0.2)
end

5. Receiver Requirements on Feedback Intensity

The sinple task of the receiver is to feed back acknow edgenents with
with time stanp and ECN bits indication for received data units to
the sender. Upon reception of each data unit, the receiver MJST

mai ntain enough information to send the aforenenti oned values to the
sender via an RTCP transport- |ayer feedback nessage. The frequency
of the feedback nessage depends on the avail abl e RTCP bandwi dth. The
requirenents on the feedback el ements and the feedback interval are
descri bed bel ow.

SCReAM/2 benefits fromrelatively frequent feedback. It is
RECOMMVENDED t hat a SCReAM/2 i npl ementation foll ows the guidelines
bel ow. Feedback should forcibly be transnmitted in any of these
cases:

* Nbre than N data units received since | ast feedback has been
transmtted. N=16 has been tested with good results.
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* A data unit with marker bit set or other last data unit for nedia
frame is received.

* A max defined interval between feedback reports. Values such as
40 nms has been tested with good results.

The feedback interval depends on the nedia bitrate. At low bitrates,
it is sufficient with a feedback every frame; while at high bitrates,
a feedback shorther feedback interval is recomended to keep the

sel f-clocking in SCReAM/2 working well. One indication that feedback
is too sparse is that the SCReAM/2 i npl ementati on cannot reach high
bitrates, even in uncongested |links. Mre frequent feedback m ght
solve this issue.

The transmission interval is not critical. So, in the case of nmulti-
stream handl i ng between two hosts, the feedback for two or nore
synchroni zati on sources (SSRCs) can be bundled to save UDP/I P

over head.

SCReAMr2 works with AVPF regul ar node; imediate or early node is not
required by SCReAM/2 but can nonet hel ess be useful for RTCP messages
not directly related to SCReAM/2, such as those specified in

[ RFC4585]. It is RECOMVENDED to use reduced-size RTCP [ RFC5506],
where regular full conpound RTCP transmission is controlled by trr-
int as described in [ RFC4585].

VWi |l e the guidelines above are somewhat RTCP specific, simlar
principles apply to for instance QU C

6. Discussion
This section covers a few di scussion points.

* The target bitrate given by SCReAM/2 is the bitrate including the
data unit and Forward Error Correction (FEC) overhead. The nedia
encoder SHOULD take this overhead into account when the nedia
bitrate is set. This nmeans that the nmedia coder bitrate SHOULD be
computed as: nmedia rate = target_bitrate -
data_unit_plus_fec_overhead_bitrate It is not necessary to make a
100% perfect conpensation for the overhead, as the SCReAM
algorithmw Il inherently conpensate for noderate errors. Under-
conmpensating for the overhead has the effect of increasing jitter,
whi | e overconpensating will cause the bottleneck link to becone
underutili zed.

* The link utilization with SCReAM/2 can be | ower than 100% There
are several possible reasons to this:
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- Large variations in frane sizes: Large variations in frame size
makes SCReAM/2 push down the target _bitrate to give sufficient
headr oom and avoi d queue buildup in the network. It is in
general recomrended to operate video coders in |ow | atency node
and enable GDR (G adual Decoding Refresh) if possible to
m nimze frame size variations.

- Link layer properties: Media transport in 5Gin uplink
typically requires to transmt a scheduling request (SR) to get
persmssion to transmt data. Because transnission of video is
franme based, there is a high likelihood that the channe
becomes idle between frames (especially with L4S), in which
case a new SR/ grant exchange is needed. This potentially neans
that uplink transm ssion slots are unused with a |ower |ink
utilization as a result.

* Packet pacing is recomended, it is however possible to operate
SCReAM/2 wi th packet pacing disabled. The code in
[ SCReAM CPP-i npl errent ati on] i npl ements additional nmechanisns to
achieve a high link utilization when packet pacing is disabl ed.
Addi ti onal packet pacing headroom can be beneficial if unusually
| arge nedia franes are generated, this can reduce unnecessary
queue build-up in the data unit queue.

* Feedback issues: RTCP feedback packets [ RFC8888] can be lost, this
means that the | oss detection in SCReAM/2 may trigger even though
packets arrive safely on the receiver side
[ SCReAM CPP-i npl erent ati on] sol ves this by using overl appi ng RTCP
f eedback, i.e RTCP feedback is transmitted no nore sel dom than
every 16th packet, and where each RTCP feedback spans the |ast 32
recei ved packets. This however creates unnecessary overhead.

[ RFC3550] RR (Recei ver Reports) can possibly be another solution
to achieve better robustness with | ess overhead. QU C [ RFC9000]
overcones this issue because of inherent design

*  SCReAM has been designed to target two marked packets per RTT in
steady state when L4S is enabled. However, SCReAM can settle for
a | ower number of marked packets per RTT in steady state due to
measures taken in the calculation of the ref_wnd and the
target _bitrate that are necessary to get a stable bitrate and
| ower queue delay. In those cases SCReAM nay get a | ower share of
the link capacity when conpeting against e.g. a large file
transfer with TCP Prague congestion control

*  SCReAM has over time been evaluated in a nunber of different
experinents, a few exanples are found in [ SCReAM eval uati on-L45].
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*  SCReAM (+L4S) is currently being integrated in chrome for
performance eval uati on and comnpari son agai nst GCC, nightly Chrome
Canary builds are avail abl e at [ SCReAM Chr one- Canary] .

* The addition of the optional qdelay dev_normrelated restriction
on ref _wnd increase can cause the rate increase to go slower when
the non-congestion related jitter is high. Non-congestion related
jitter can occur for instance in 5G where the anount of scheduling
delay jitter depends of factors |like TDD (Time Division Duplex)
patterns an overall load in a cell. [Inproved nethods to take
delay jitter and conpensate for that can renedy this. The
objective is to avoid the restriction when the delay jitter is not
congestion related. Discrimnating between non-congestion rel ated
delay jitter and congestion related ditto is however not an easy
task. One nethod to to estimate the jitter when link is known to
be uncongested. A challenge is that congestion related jitter
energes already as the application bitrate gets near the
congestion point and this can nake distinction nore difficult.

The exanmple algorithmin the draft is expected to be nodified in a
future draft version.

I ANA Consi derations
Thi s docunent does not require any | ANA acti ons.
Security Considerations

The feedback can be vulnerable to attacks simlar to those that can
affect TCP. It is therefore RECOMMENDED that the RTCP feedback is at
| east integrity protected. Furthernore, as SCReAM SCReAM/2 is self-
cl ocked, a malicious mddl ebox can drop RTCP feedback packets and
thus cause the self-clocking to stall. However, this attack is
mtigated by the m nimum send rate maintai ned by SCReAM SCReAM/2 when
no feedback is received
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B. 1.

Changes in draft version -02

Al gorithm changes in draft version -02 were:

*

B. 2.

Sl ow down reference wi ndow growth when close to the | ast known
maxi mum val ue i s disabled and when L4S is active. This nmakes
SCReAM adhere nore closely to two marked packets per RTT at steady
state.

Ref erence wi ndow decrease and increase reduced by up to 50% when
ref_wnd/nss is small. This reduces rate oscillations.

Target bitrate down adjustnment when ref_wnd/nmss is small is
modi fied to avoid that the data unit queue grows excessively in
certain |l ow bitrate cases.

Timng set to nultiples of RTTs instead of seconds.

Changes in Draft version -03

Draft version -03 is a major editorial pass including renoval of sone
out dated or background i nformati on and reorgani sati on of several
secti ons:

*

Much shorter abstract and introduction focusing on what’'s new in
SCReAM/2.

Renoval of Section 1.1. on "Wreless (LTE and 5G Access
Properties" and Section 1.2. on "Wiy is it a self-clocked
al gorit hne"

New Section on "Updates conpared to SCReAM (version 1)" in
i ntroduction based on old Section on "Al gorithm Changes".

Section Section 1.3 updated and shortened.

Overvi ew Section Section 3 revised; now also including the
overview figure and the basic al gorithns.

A d section on "Constants and vari abl es" renoved; instead all
variables are now listed in the respective sections that explain
t he code.

New Section on "Sender Side State" explaining some basic
vari abl es.
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B. 3.

B. 4.

Pseudo code and the correspondi ng expl anations in

Section Section 4.2 on "Network Congestion Control" noved into the
respective subsections in section Section 4.2.1 on "Congestion

Det ecti on”.

Separate section on "Sender Transm ssion Control" introduced.

Section "Lost Data Unit Detection" merged into
Section Section 4.2.1.1.

Section "Stream Prioritization"” renpved.

Section on "Conpeting Fl ows Conpensation" moved into
Section Section 4.2.1 on "Congestion Detection”

Changes in Draft version -04

Restructuring of code.

Reduction of target rate when bytes_in_flight is higher than
ref_wnd is done al so when |4s_active, replaced with requirenent
that queue_delay is |arge.

Addi tional constraint for increase of ref_wnd added.

Di scussion on when it is beneficial to reduce REF VWND OVERHEAD
added.

Changes in Draft version -05

Draft version -05 contains sone clarifications based on a review by
Per Kjellander and Bj Hrn Terelius plus sone code nodifications and
text.

*

| 4s_active state renoved as del ay based congestion control is
al ways active.

ref _wnd reduction when long tinme since congested limted to only
limt ref_wnd to | ast max_bytes_in_flight_prev.

Calculation of |4s_alpha is nodified to use a fast attack sl ow
decay EWVA filter.

Congesti on backoff downscaling also for virtual L4S marki ng when
ref_wnd is very small.

Congestion backoff is reduced if RTT is higher than VI RTUAL_RTT.
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* ref_wnd increase is reduced if L4S is likely non-active and queue
del ay increases.
B.5. Changes in Draft version -06
* Correction of typos.
* Correction of send wnd cal cul ation

* Additional variable gdelay _dev_normthat indicated how nuch the
queue del ay vari es.

* Additional ref_wnd_overhead varable to limt how nmuch bytes in
flight can exceed the reference wi ndow i n congested situations.

*  REF_WND_OVERHEAD repl aced by REF_WWND_OVERHEAD M N and
REF_WWND_OVERHEAD MAX.

* Reference window increase is restricted additionally when queue
del ay varies a lot.

* rel _framesize high calculation is renoved

* Reduction of target bitrate when bytes in flight is highis
removed because it is not hel pful when nedia coders are sluggish

* Calculation of 14s_alpha_v_t sinplified, |14s_alpha_|limt renoved.
* Bug in condition for calculation of |14s_al pha_v_t fixed.
* bytes_in_flight _ratio renoved
* Mved Changes per draft version to this appendi x.
B.6. Changes in Draft version -07

* Additional restriction of ref_wnd increase and ref_wnd_over head
when ref_wnd/ M5S is very | ow

* Additional conpensation for increased nedia queue delay and frane
size variation when calculating target bitrate.

* Changes in text on feedback

* Section on handling of systematic error in nedia encoder out put
bitrate renoved as this is adressed in section Media Rate Control

* Added section Clock drift issues and renedi es.
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* Removed '*= max(0.5,1.0-ref_wnd_ratio)’ as this function is
repl aced by qdelay_dev_normrelated restriction on reference
wi ndow gr ow h.

* Renoved extra selective restriction on ref_wnd growth when L4S is
not enabled as this function is replaced by qgdel ay_dev_norm
related restriction on reference wi ndow grow h.

* Additional wording on the inprovenent of the optional
gdel ay_dev_normrelated restriction based on extination of the
non-congestion related delay jitter.
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