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Thi s docunent defines a Session Initiation Protocol (SIP) event
package that enables the collection and reporting of netrics that
measure the quality for Voice over Internet Protocol (VolP) sessions.
Voice call quality information derived from RTP Control Protoco

Ext ended Reports (RTCP-XR) and call information from SIP is conveyed
froma User Agent (UA) in a session, known as a reporter, to a third
party, known as a collector. A registration for the application/ vg-
rtcpxr nedia type is also included.
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1.

1.

1.

I nt roducti on

Real -ti me comuni cations over |P networks use SIP for signaling with
RTP/ RTCP for nedia transport and reporting, respectively. These
protocols are very flexible and can support an extrenely w de

spect rum of usage scenarios. For this reason, extensions to these
protocol s nust be specified in the context of a specific usage
scenario. In this neno, extensions to SIP are proposed to support
the reporting of RTP Control Protocol Extended Reports [4] metrics.

1. Applicability Statenent

RTP is utilized in many different architectures and topol ogies. RFC
5117 [13] lists and describes the foll ow ng topol ogi es: point-to-

poi nt, point-to-multipoint using nulticast, point-to-multipoint using
the translator from RFC 3550, point-to-nultipoint using the m xer
nmodel from RFC 3550, point-to-nultipoint using video-swi tching

Mul tipoint Control Units (MCUs), point-to-nultipoint using RTCP-
term nating MCU, and non-synmetric nixer/translators. As the
Abstract of this docunent points out, this specification is for
reporting quality of Voice over Internet Protocol (VolP) sessions.

As such, only the first topology, point to point, is currently
supported by this specification. This reflects both current VolP
depl oynents, which are predom nantly point to point using unicast,
and the state of research in the area of quality.

How to accurately report the quality of a nultipart conference or a
session involving nmultiple hops through translators and m xers is
currently an area of research in the industry. However, this
mechani sm can easily be used for centrally m xed conference calls, in
whi ch each leg of the conferences is just a point-to-point call

Thi s mechani sm coul d be extended to cover additional RTP topol ogies
in the future once these topics progress out of the real mof research
and into actual Internet depl oynents.

2. Use of the Mechani sm

RTCP reports are usually sent to other participating endpoints in a
session. This can nake the collection of perfornmance information by
an adm ni strator or managenent systemquite conplex to inplenment. In
the usage scenarios addressed in this nmenpo, the data contained in
RTCP XR Vol P netrics reports (RFC 3611 [4]) are forwarded to a
central collection server systems using SIP

Pendl eton, et al. St andards Track [ Page 4]



RFC 6035 SI P Package for Voice Quality Reporting Noverber 2010

Applications residing in the server or elsewhere can aid in network
managenent to alleviate bandwi dth constraints and al so to support
custonmer service by identifying and acknow edgi ng calls of poor
quality. However, specifying such applications is beyond the scope
of this paper.

There is a large portfolio of quality paraneters that can be
associated with Vol P, but only a m ninml necessary nunber of
paraneters are included on the RTCP-XR reports:

1. The codec type, as resulting fromthe Session Description
Protocol (SDP) offer-answer negotiation in SIP,

2. The burst gap | oss density and max gap duration, since voice cut-
outs are the nost annoying quality inpairment in VolP

3. Round-trip delay, because it is critical to conversationa
quality,

4. Conversational quality as a catch-all for other voice quality
i mpai rments, such as random y distributed packet loss, jitter,
annoyi ng silent suppression effects, etc.

In specific usage scenari os where other paraneters are required,
desi gners can include other paraneters beyond the scope of this
paper.

RTCP reports are best effort only, and though they are very useful,
they have a nunber of linmtations as discussed in [3]. This nust be
consi dered when using RTCP reports in nmanaged networks.

Thi s docunent defines a new SIP event package, vqg-rtcpxr, and a new
M ME type, application/vg-rtcpxr, that enable the collection and
reporting of metrics that nmeasure quality for RTP [3] sessions. The
definitions of the netrics used in the event package are based on
RTCP Extended Reports [4] and RTCP [3]; a mapping between the SIP
event parameters and the parameters within the aforenmentioned RFCs is
defined within this document in Section 4.6.2.

Moni toring of voice quality is believed to be the highest priority
for usage of this nmechanism and as such, the netrics in the event
package are largely tailored for voice quality measurenents. The
event package is designed to be extensible. However, the negotiation
of such extensions is not defined in this docunent.

The event package supports reporting the voice quality nmetrics for

bot h the inbound and out bound directions. Voice quality metrics for
the i nbound direction can generally be conputed locally by the
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reporting endpoint; however, voice quality netrics for the outbound
direction are conmputed by the renpte endpoint and sent to the
reporting endpoint using the RTCP Extended Reports [4].

The configuration of the usage of this event package is not covered
in this docunent. It is the recomendation of this docunent that the
SIP configuration framework [15] be used. This is discussed in
Section 4.8.

The event package SHOULD be used with the SUBSCRI BE/ NOTI FY net hod;
however, it MAY al so be used with the PUBLI SH nethod [8] for backward
conmpatibility with some existing inplenentations. Message flow
exampl es for both nethods are provided in this document.

Ter mi nol ogy

The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMENDED', "MAY"', and "OPTIONAL" in this
docunent are to be interpreted as described in BCP 14, RFC 2119 [1].

SIP Events for VolP Quality Reporting

Thi s docunent defines a SIP events package [5] for Voice over IP
performance reporting. A SIP UA can send these events to an entity
that can make the information available to other applications. For
purposes of illustration, the entities involved in SIP vqg-rtcpxr
event reporting will be referred to as foll ows:

0 REPORTER an entity involved in the neasurenent and reporting of
media quality, i.e., the SIP UA involved in a nedia session

0 COLLECTOR an entity that receives SIP vg-rtcpxr events. A
COLLECTOR may be a proxy server or another entity that is capable
of supporting SIP vg-rtcpxr events.

SUBSCRI BE NOTI FY Met hod

The COLLECTOR SHALL send a SUBSCRIBE to the REPORTER to explicitly
establish the relationship. The REPORTER SHOULD send the voice
quality metric reports using the NOTIFY nethod. The REPORTER MJST
NOT send any vg-rtcpxr events if a COLLECTOR address has not been
configured. The REPORTER popul ates the Request-URI according to the
rules for an in-dialog request. The COLLECTOR MAY send a SUBSCRI BE
to a SIP Proxy acting on behalf of the reporting SIP UAs.
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3. 2.

3. 3.

3. 4.

Pen

PUBLI SH Met hod

A SIP UA that supports this specification MAY al so send the service
quality metric reports using the PUBLI SH nethod [8]; however, this
approach SHOULD NOT be used, in general, on the public Internet. The
PUBLI SH net hod MAY be supported for backward conpatibility with

exi sting inplenentations.

The REPORTER MAY t herefore popul ate the Request-URl of the PUBLISH
met hod with the address of the COLLECTOR. To ensure security of SIP
proxi es and the COLLECTOR, the REPORTER MJUST be configured with the
address of the COLLECTOR, preferably using the SIP UA configuration
framework [15], as described in Section 5.8.

It is RECOVWENDED t hat the REPORTER send an OPTI ONS nessage to the
COLLECTOR to ensure support of the PUBLI SH nessage.

If PUBLISH is not supported, then the REPORTER can only wait for a
SUBSCRI BE request fromthe COLLECTOR and then deliver the
information in NOTIFYs. |If a REPORTER sends a PUBLISH to a
COLLECTOR t hat does not support or allow this nethod, a 501 Not

I npl enented or a 405 Method Not Al l owed response will be received,
and the REPORTER wi ||l stop publication.

Multi-Party and Multi-Segrment Calls

A voice quality netric report may be sent for each session

term nating at the REPORTER, and it may contain nmultiple report
bodies. For a nulti-party call, the report MAY contain report bodies
for the session between the reporting endpoint and each renote

endpoi nt for which there was an RTP session during the call.

Multi-party services such as call hold and call transfer can result
in the user participating in a series of concatenated sessions,
potentially with different choices of codec or sanple rate, although
these nmay be perceived by the user as a single call. A REPORTER MAY
send a voice quality nmetric report at the end of each session or MAY
send a single voice quality metric report containing an application/
vg-rtcpxr body for each segnent of the call

Overl oad Avoi dance

Users of this extension should ensure that they inplement general SIP
mechani sms for avoi ding overload. For instance, an overl oaded proxy
or COLLECTOR MJST send a 503 Service Unavail abl e or other 5xx
response with an appropriate Retry-After tine specified. REPORTERs
MUST act on these responses and respect the Retry-After tine
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interval. In addition, future SIP extensions to better handl e

overl oad as covered in [14] should be foll owed as they are

st andar di zed.

To avoid overload of SIP Proxies or COLLECTORS, it is inportant to do
capacity planning and to ninimze the nunber of reports that are
sent.

Approaches to avoi di ng overl oad i ncl ude:

a. Send only one report at the end of each call

b. Use interval reports only on "problem calls that are being
cl osely nonitored.

c. Limt the nunber of alerts that can be sent to a naxi mum of one
per call

4. Event Package Formal Definition
4.1. Event Package Nane

Thi s docunent defines a SIP Event Package. SIP Event Packages were
originally defined in RFC 3265 [5].

4.2. Event Package Paraneters
No event package paraneters are defined

4.3. SUBSCRI BE Bodi es
SUBSCRI BE bodi es are described by this specification

4.4. Subscribe Duration
Subscriptions to this event package MAY range from m nutes to weeks.
Subscriptions in hours or days are nore typical and are RECOMVENDED.
The default subscription duration for this event package is one hour.

4.5. NOTI FY Bodi es

There are three notify bodies: a Session report, an Interval report,
and an Alert report.

The Session report SHOULD be used for reporting when a voice nedia
session term nates, when a nedia change occurs, such as a codec
change or a session fork, or when a session term nates due to no
medi a packets being received and MUST NOT be used for reporting at
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arbitrary points in tine. This report MJST be used for cunmulative
metric reporting and the report timestanps MJST be fromthe start of
a media session to the time at which the report is generated.

The Interval report SHOULD be used for periodic or interval reporting
and MJUST NOT be used for reporting of the conplete nedia session

This report is intended to capture short duration nmetric reporting
and the report intervals SHOULD be non-overl apping tine w ndows.

The Alert report MAY be used when voice quality degrades during a
session. The tinme window to which an Alert report relates MAY be a
short time interval or fromthe start of the call to the point the
alert is generated; this time w ndow SHOULD be sel ected to provide
the most useful information to support probl em di agnosis.

Session, Interval, and Alert reports MJST populate the netrics with
val ues that are neasured over the interval explicitly defined by the
"start" and "stop" tinestanps.

Voice quality sunmmary reports reference only one codec (payl oad
type). This payload type SHOULD be the main voice payl oad, not
confort noise or tel ephone event payl oads. For applications that
consistently and rapidly switch codecs, the nost used codec shoul d be
reported. Al values in the report, such as | P addresses,
synchroni zati on source (SSRC), etc., represent those val ues as
received by the REPORTER I n sonme scenarios, these may not be the
same on either end of the session -- the COLLECTOR will need logic to
be able to put these sessions together. The values of paraneters
such as sanple rate, franme duration, frane octets, packets per

second, round-trip delay, etc., depend on the type of report in which
they are present. |If present in a Session or an Interval report,
they represent average val ues over the session or interval. |If
present in an Alert report, they represent instantaneous val ues.

The REPORTER al ways includes local quality reporting information and
shoul d, if possible, share renmpte quality reporting information to
the COLLECTOR. This renote quality could be available fromreceived
RTCP- XR reports or other sources. Reporting this is useful in cases
where the other end m ght support RTCP-XR but not this voice quality
reporting.

Thi s specification defines a new M ME type, application/vg-rtcpxr

which is a text encoding of the RTCP and RTCP-XR statistics with sone
additional netrics and correlation information

Pendl eton, et al. St andards Track [ Page 9]



RFC 6035 SI P Package for Voice Quality Reporting Noverber 2010

4.6. Voice Quality Event and Semantics

Thi s section describes the syntax extensions required for event
publication in SIP. The fornal syntax definitions described in this
section are expressed in the Augnented BNF [6] format used in SIP [2]
and contain references to el enments defined therein.

Additionally, the definition of the timestanp format is provided in
[7]. Note that nost of the parameters are optional. In practice,
nost i npl enentations will send a subset of the paraneters. It is not
the intention of this docunent to define what paraneters may or may
not be useful for monitoring the quality of a voice session, but to
enabl e reporting of voice quality. As such, the syntax allows the

i mpl ementer to choose which netrics are nost appropriate for their
solution. As there are no "invalid", "unknown", or "not applicable"
values in the syntax, the intention is to exclude any paraneters for
whi ch val ues are not avail able, not applicable, or unknown.

The authors recogni ze that inplenmenters may need to add new paraneter
lines to the reports and new nmetrics to the existing paraneter |ines.
The extension tokens are intended to fulfill this need.

4.6.1. ABNF Syntax Definition
VQReport Event = AlertReport / SessionReport / Interval Report
Sessi onReport = "VQSessi onReport” [ HCOLON "Cal | Ternt ] CRLF
Sessionlnfo CRLF
Local Metrics [ CRLF RenoteMetrics |
[ CRLF DialoglD]

; Call Termindicates the final report of a session.

I nterval Report = "VQ nterval Report" [ HCOLON "Cal | Term ] CRLF
Sessionlnfo CRLF
Local Metrics [ CRLF RenoteMetrics ]
[ CRLF DialoglD]

"Local Metrics" HCOLON CRLF Metrics

Local Metrics
Remot eMetrics = "RenoteMetrics" HCOLON CRLF Metrics

Al ert Report = "VQAl ert Report" HCOLON
MetricType WBP Severity WSP Direction CRLF
Sessionlnfo CRLF
Local Metrics [ CRLF RenoteMetrics ]

[ DialoglD]
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Sessionlnfo =
Cal | I D CRLF
Local I D CRLF
Renot el D CRLF
Oigl D CRLF
Local Addr CRLF
Renot eAddr CRLF
Local Groupl D CRLF
Renot eG oupl D CRLF
[ Local MACAddr CRLF ]
[ Renot eMACAddr CRLF ]

Metrics = TimeStanps CRLF
[ SessionDescription CRLF ]
[ JitterBuffer CRLF ]
[ PacketLoss CRLF ]
[ BurstGapLoss CRLF ]
[ Delay CRLF ]
[ Signal CRLF ]
[ QualityEsti mates CRLF ]
*( Ext ensi on CRLF)

; Timestanps are provided in Coordinated Universal Tinme (UTCQ)
; using the ABNF format provided in RFC 3339,

; "Date and Tinme on the Internet: Tinestanps"

; These tinestanps SHOULD reflect, as closely as

; possible, the actual time during which the media session

; was running to enable correlation to events occurring

; in the network infrastructure and to accounting records.

; Time zones other than "Z" are not all owed.

Ti meSt anps = "Ti mestanps” HCOLON StartTi me WSP St opTi e
StartTine = "START" EQUAL date-tine
St opTi e = "STOP" EQUAL date-tine

; SessionDescription provides a shortened version of the
; session SDP but contains only the rel evant parameters for
; session quality reporting purposes.

Sessi onDescription = "SessionDesc" HCOLON
Payl oadType WSP ]

Payl oadDesc WSP ]

Sanpl eRat e WSP |

Packet sPer Second WSP |

FrameDur ati on WSP |

FrameQctets WSP |

Fr amesPer Packet WSP ]

Frt pOpti ons WSP ]

— e — — —
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[ Packet LossConceal ment WEP ]
[ SilenceSuppressionState ]
*(WBP Ext ensi on)

; Payl oadType provides the PT paraneter used in the RTP packets.
Payl oadType = "PT" EQUAL (1*3DIGT)

; Payl oadDesc provides a text description of the codec.

; This parameter SHOULD use the I ANA registry for

; nmedi a-type nanes defined by RFC 4855 where it unanbi guously
; defines the codec. Refer to the "Audio Media Types"

; registry on http://ww.iana. org.

Payl oadDesc = "PD' EQUAL (word / DQUOTE word- pl us DQUOTE)

; Sanpl eRate reports the rate at which a voice was sanpl ed
; in the case of narrowband codecs, this value will typically

; be 8000.

; For codecs that are able to change sanple rates, the | owest and
; highest sanple rates MJST be reported (e.g., 8000; 16000).

Sanpl eRate = "SR' EQUAL (1*6DIGIT) *(SEM (1*66DI G T))

FrameDurati on can be conbined with the FranesPer Packet

to determ ne the packetization rate; the units for

FrameDuration are mlliseconds. NOTE: for frame-based codecs,
each frame constitutes a single frane; for sanpl e-based codecs,
a "franme" refers to the set of sanples carried in an RTP packet.

’
’
3
3
’

FrameDuration = "FD' EQUAL (1*4DIG T)

; FranmeCctets provides the nunber of octets in each frane

; at the time the report is generated (i.e., last value).

; This MAY be used where FraneDuration is not avail able

; NOTE: for frane-based codecs, each frame constitutes a single franeg;
; for sanpl e-based codecs, a "frame" refers to the set of sanples

; carried in an RTP packet.

FrameCctets = "FO' EQUAL (1*5DIAT)

; FranesPer Packet provides the nunber of franes in each RTP

; packet at the tine the report is generated.

; NOTE: for frane-based codecs, each frame constitutes a single franeg;

for sanpl e-based codecs, a "frame" refers to the set of sanples
carried in an RTP packet.

FramesPer Packet = "FPP' EQUAL (1*2DIG T)
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; Packets per second provides the average nunber of packets
; that are transmitted per second, as at the tinme the report is
; gener at ed.

Packet sPer Second = "PPS" EQUAL (1*5DIG T)

; FMIP options from SDP. Note that the paraneter is delineated
; by " " to avoid parsing issues in transitioning between SDP
; and SI P parsing.

Frmt pOptions = "FMIP" EQUAL DQUOTE wor d- pl us DQUOTE

; Packet LossConceal ment indicates whether a PLC al gorithm was

; or is being used for the session. The values follow the same
; nunbering convention as RFC 3611 [4].

; 0 - unspecified

1 - disabled
2 - enhanced
3 - standard
Packet LossConceal nent = "PLC' EQUAL ("O" / "1" [/ "2" [ "3")

; SilenceSuppressionState indicates whether silence suppression,
; also known as Voice Activity Detection (VAD) is enabl ed.

Si | enceSuppressionState = "SSUP' EQUAL ("on" / "off")

; Callld provides the call id fromthe SIP dialog

CallID = "CalllD'" HCOLON Call-1D Parm

; LocallDidentifies the reporting endpoint for the nedia session [2].
Local ID = "Local I D' HCOLON ( nane-addr/ addr-spec)

; RenotelD identifies the renpote endpoint of the nedia session [2].
Renotel D = "Renot el D' HCOLON ( name- addr/ addr - spec)

; OiglDidentifies the endpoint which originated the session
OiglD="0iglD'" HCOLON (nane-addr/ addr-spec)

; Local Addr provides the | P address, port, and SSRC of the

; endpoint/UA, which is the receiving end of the stream being

;. measur ed.

Local Addr = "Local Addr" HCOLON | PAddress WP Port WSP Ssrc
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; Renot eAddr provides the | P address, port, and SSRC of the
; the source of the stream being measured.

Renmot eAddr = "Renot eAddr" HCOLON | PAddress WSP Port WSP Ssrc

; Local MACAddr provi des the Media Access Control (MAC) address
; of the local SIP device.

Local MACAddr = "Local MAC' HCOLON hex2 *(":" hex2)

; Renot eMACAddr provides the MAC address
; of the renmpte SIP device.

Renot eMACAddr = "Renot eMAC' HCOLON hex2 *(":" hex2)

; Local Goupl D provides the identification for the purposes
; of aggregation for the |ocal endpoint.

Local Groupl D = "Local G oup" HCOLON wor d- pl us

; RenoteG oupl D provides the identification for the purposes
; of aggregation for the renpte endpoint.

Renot eGroupl D = " Renpt eG oup” HCOLON wor d- pl us

; For clarification, the Local Addr in the Local Metrics report
; MUST be the RenpteAddr in the RenoteMetrics report.

| PAddr ess = "I P" EQUAL | Pv6address / | Pv4address
Por t = "PORT" EQUAL 1*DIA T
Ssrc = "SSRC' EQUAL ( 9%30.78 1*8HEXDI G

JitterBuffer = "JitterBuffer” HCOLON
[ JitterBufferAdaptive WSP ]
[ JitterBufferRate WSP ]
[ JitterBufferNom nal WSP ]
[ JitterBufferMax WGP ]
[ JitterBufferAbsMax ]
*(WBP Ext ensi on)

JitterBufferAdaptive indicates whether the jitter buffer in

the endpoint is adaptive, static, or unknown.

The val ues follow the sanme nunbering convention as RFC 3611 [4].
For nore details, please refer to that docunent.

0 - unknown

1 - reserved

2 - non-adaptive

3 - adaptive
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JitterBufferAdaptive = "JBA" EQUAL ("O0" / "1" /J "2" | "3")

; JitterBuffer netric definitions are provided in RFC 3611 [4].
JitterBufferRate
Ji tterBufferNom nal
Ji tterBufferMax

Ji tterBuffer AbsMax

"JBR' EQUAL (1*2DIGT) ;0-15

"JBN' EQUAL (1*5DIGIT) ;0-65535
"JBM' EQUAL (1*5DIGT) ;0-65535
"JBX" EQUAL (1*5DIGT) ;0-65535

; PacketLoss netric definitions are provided in RFC 3611 [4].

Packet Loss = "PacketLoss" HCOLON
[ NetworkPacket LossRate WSP ]
[ JitterBufferDi scardRate ]
*(WBP Ext ensi on)

Net wor kPacket LossRate =
"NLR" EQUAL (1*3DIG T [ "." 1*2DIGT ]) ;percentage

JitterBufferD scardRate =
"JDR' EQUAL (1*3DIGT [ "." 1*2DIA T ]) ;percentage

; BurstGapLoss netric definitions are provided in RFC 3611 [4].

Bur st GapLoss = "Bur st GapLoss" HCOLON
Bur st LossDensity WSP ]
Bur st Durati on WSP ]
GapLossDensity WSP ]
GapDur ati on WSP ]
M ni mumGapThr eshol d ]
(WSP Ext ensi on)

S} = — — ——

Bur st LossDensity =
"BLD' EQUAL (1*3DIGT [ "." 1*2DIG T ]) ; percentage

Bur st Durati on =
"BD' EQUAL (1*7DIGAT) ;0-3,600,000 -- mlliseconds

GapLossDensity =
"GLD' EQUAL (1*3DIGT [ "." 1*2DIG T ]) ; percentage

GapDuration =
"CD' EQUAL (1*7DIGT) ;0-3,600,000 -- milliseconds
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M ni munGapThreshol d =
"GMN' EQUAL (1*3DIGT) ;1-255
Del ay = "Del ay" HCOLON
[ RoundTri pDel ay WSP ]
[ EndSystenDel ay WSP ]
[ OneWayDel ay WSP ]
[ SyrtmDneWayDel ay WSP |
[ InterarrivalJitter WSP ]
[ MeanAbsol uteditter |
*(WBP Ext ensi on)
; RoundTri pDel ay SHALL be neasured as defined in RFC 3550 [3].
RoundTri pDel ay = "RTD' EQUAL (1*5DIA T) ; 0-65535
; EndSystenDelay nmetric is defined in RFC 3611 [4].
EndSyst enDel ay = "ESD' EQUAL (1*5DIGA T) ; 0-65535
; OneWayDel ay is defined in RFC 2679 [12].
OneVWayDel ay = "OAD" EQUAL (1*5DIG T) ; 0-65535

;. SymmneWayDel ay is defined as half the sum of RoundTri pDel ay
; and the EndSystenDel ay val ues for both endpoints.

SymmneWayDel ay = "SOAD' EQUAL (1*5DIG T); O0- 65535

; Interarrival Jitter is calculated as defined RFC 3550 [ 3]
; and converted into mlliseconds.

Interarrival Jitter = "I AJ" EQUAL (1*5DIA T) ;0-65535 ns

;. Mean Absolute Jitter is nmeasured as defined
; by ITUT G 1020 [9] where it is known as MAPDV.

MeanAbsol uteditter = "MAJ" EQUAL (1*5DI A T); 0-65535
; Signal netrics definitions are provided in RFC 3611 [4].
Signal = "Signal" HCOLON

[ Signal Level WSP ]

[ NoiseLevel WP ]

[ Residual EchoRet urnLoss ]

*(WBP Ext ensi on)

; Signal Level will normally be a negative val ue.
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; The absence of the negative sign indicates a positive val ue.
; Where the signal level is negative, the sign MJST be

; included. This netric applies to the speech signal decoded
; fromthe received packet stream

Signal Level = "SL" EQUAL ([ "-" ] 1*2DIGT)

; NoiseLevel will normally be negative and the sign MJST be
;oexplicitly included.

; The absence of a sign indicates a positive val ue.

; This netric applies to the speech signal decoded fromthe
; received packet stream

Noi seLevel = "NL" EQUAL ([ "-" ] 1*2DIGT)

; Residual Echo Return Loss (RERL) is the ratio between

; the original signal and the echo | evel as neasured after

; echo cancell ation or suppression has been appli ed.

; Expressed in decibels (dB). This is typically a positive

; val ue.

; This nmetric relates to the proportion of the speech signa

; decoded fromthe received packet streamthat is reflected

; back in the encoded speech signal output in the transnitted
; packet stream (i.e., will affect the REMOTE user’s

; conversational quality). To support the diagnosis of echo-

; related problens experienced by the |ocal user of the device
; generating a report according to this docunent, the value of
; RERL reported via the RTCP XR Vol P Metrics payl oad SHOULD be
; reported in the RenpteMetrics set of data.

Resi dual EchoRet urnLoss = "RERL" EQUAL (1*3DIG T)

; Voice Quality estimation metrics.

; Each quality estinmate has an optional associated al gorithm
; These fields permt the inplenentation to use a variety

; of different cal culation nethods for each type of netric.

QualityEstimates = "QualityEst" HCOLON
Li st eni ngQual i tyR W5P ]
RLQEst Al g WP ]
Conversational Qual i tyR WSP ]
RCQESt Al g WEP ]

External R-1n V&P ]

Ext Rl nEst Al g WP ]

Ext ernal R- Qut WGP |

Ext ROut Est Al g WSP ]

MOS- LQ WSP ]

MOSLQEst Al g WBP ]

— e — — —
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[ MOS-CQ WGP ]

[ MOSCQEst Al g WBP ]
[ QOEEStAlg ]
*(WBP Ext ensi on)

Li steningQualityR = "RLQ' EQUAL (1*3DIGT) ; 0 - 120

RLQEst Alg = "RLQEst Al g" EQUAL word ; "P.564" [10], or other
Conversational QualityR = "RCQ' EQUAL (1*3DIAT) ; 0 - 120
RCQEst Al g = "RCQEst Al g" EQUAL word ; "P.564", or other

; External R-In is neasured by the |ocal endpoint for incom ng

; connection on the "other" side of this endpoint. For exanple,
; Phone A <---> Bridge <----> Phone B

; Li steningQualityR = quality for Phone A ----> Bridge path

; External R-1n = quality for Bridge <---- Phone B path

External R-1n = "EXTRI" EQUAL (1*3DIAT) ; 0 - 120

Ext RInEst Al g "Ext RI Est Al g" EQUAL word ; "P.564" or other

; External R-Qut is copied fromthe RTCP XR nessage received fromthe
; renote endpoint on the "other" side of this endpoint. For exanple,
; Phone A <---> Bridge <----> Phone B

; External R-Qut = quality for Bridge ----- > Phone B path

External R-Qut = "EXTRO' EQUAL (1*3DIGT) ; 0 - 120

Ext ROut Est Al g = "Ext ROEst Al g" EQUAL word ; "P.564" or other

MOS-LQ = "MOSLQ' EQUAL (DG T [ "." 1*3DIGAT]) ; 0.0 - 4.9
MOSLQEst Al g = "MOSLQESt Al g" EQUAL word ; "P.564" or other

MOS-CQ = "MOSCQ' EQUAL (DG T [ "." 1*3DIAT]) ; 0.0 - 4.9
MOSCQEst Al g = "MOSCQEst Al g" EQUAL word ; "P.564" or other

; QOEEst Al g provides an alternative to the separate

; estimation algorithnms for use when the same al gorithm
; is used for all measurenents.
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QQEESt Al g = "QOEEst Al g" EQUAL word ; "P.564" or other

; DialoglD provides the identification of the dialog with
; which the nedia session is related. This value is taken
; fromthe SIP header.

DialoglD = "D aloglD' COLON Call-1D-Parm*(SEM di d-parm

did-parm =to-tag / fromtag / word

to-tag "to-tag" EQUAL token

fromtag = "fromtag" EQUAL token

; MetricType provides the netric on which a notification of

; threshold violation was based. The nore commonly used netrics
; for alerting purposes are included here explicitly, using the
; character encoding that represents the paranmeter in

; this ABNF. The Extension paranmeter can be used to provide

; metrics that are not defined by this docunent.

MetricType = "Type" EQUAL "RLQ' / "RCQ / "EXTR' /
"MOSLQ' / "MOSCQ' /
"BD' / "NLR' / "JDR' /
"RTD' / "ESD' / "IA)" [
"RERL" / "SL" / "NL" / Extension

Direction = "Dir" EQUAL "local" / "renote"
Severity = "Severity" EQUAL "Warning" / "Critical" /
"Cl ear"

Call-ID-Parm= word [ "@ word ]
;. CGeneral ABNF notation from RFC 5234.

CRLF = 9%O0D. 0A

DAT = 9%30-39

WP = SP/ HTAB ; white space
sp - wom

HTAB = 909 ; horizontal tab

HEXDOG= DGET/ "A"/ "B"/ "C [/ "D" [ "E" [ "F" [/
"a" [ "b" [ "c" | "d" [ "e" [ "f"

DQUOTE %22 ; " (Double Quote)

ALPHA "41-5A | W61-7TA ; A-Z /| a-z
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; ABNF notation from RFC 3261.
al phanum = ALPHA / DIGT
LM = [ *WBP CRLF ] 1*WBP ; |inear whitespace
SW = [ LW5 ] ; sep whitespace
SEM = SWs ";" SW5 ; senicol on
EQUAL = SW5 "=" SW5 ; equal
COLON = SW5 ":" SW5 ; colon
HCOLON = *( SP/ HTAB ) ":" SWS
t oken = 1*(al phanum/ "-" [ " " [ "I" [ "oy [ "
I A B B |
| Pv4addr ess = 1*3DgdT"." 1*3DEA T "." 1*3DIGAT "." 1*3DIAT
| Pv6addr ess = hexpart [ ":" |Pv4address ]
hexpart = hexseq / hexseq "::" [ hexseq ] / "::"
[ hexseq ]

hexseq = hex4 *( ":" hex4)
hex4 = 1*4HEXDI G
hex2 = 2HEXD G
; ABNF notation from RFC 3339.
date-full year = 4DIG T ; e.g. 2006
dat e- nont h =2DIAT; e.g. 01 or 11
dat e- nday =2DIGT ; e.g. 02 or 22
ti me- hour =2DIG T ; e.g. 01 or 13
time-mnute = 2DIG@ T ; e.g. 03 or 55
ti me-second =2DIG@ T ; e.g. 01 or 59
time-secfrac ="." 1*DIAT
ti me-nunoffset = ("+" / "-") tinme-hour ":" time-mnute
time-offset ="Z" | time-nunoffset
partial-time = tine-hour ":" time-mnute ":" time-second [ time-secfrac]
full -date = date-fullyear "-" date-nonth "-" date-nday
full-tinme = partial-tine tine-offset
date-time = full-date "T" full-tine
; M scell aneous definitions
Ext ensi on = word- pl us
word = 1*(al phanum/ "-" [ " " [ "1t povog ] xRt

B A e B A

G A R B B R |

"t o"\" | DQUOTE /

A e N Y e |
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word-plus = 1*(al phanum/ "-" [/ " " [ "i" ooy [ vt
" S
L D N B A Y A |
N e A e I e e B |
ety o= )
4.6.2. Paraneter Definitions and Mappi ngs

Par anmet er val ues, codec types, and other aspects of the endpoints may
change dynamically during a session. The reported values of netrics
and configuration paraneters SHALL be the current value at the tine
the report is generated.

The Packet Loss Rate and Packet Discard Rate parameters are
cal cul ated over the period between the starting and endi ng tinestanps
for the report. These are normally calculated froma count of the
nunber of | ost or discarded packets divided by the count of the
nunmber of packets, and hence are based on the current val ues of these
counters at the time the report was generat ed.

Packet delay variation, signal |evel, noise |evel, and echo | evel are
conmputed as running or interval averages, based on the appropriate
standard, e.g., RFC 3550 for Packet Delay Variation (PDV), and the
sanpl ed val ue of these running averages is reported. Delay, packet
size, jitter buffer size, and codec-related data may change during a
session and the current value of these paraneters is reported as
sampled at the tine the report is generated.

4.6.2.1. General Mapping Percentages from 8-bit, Fixed-Point Nunbers

RFC 3611 uses an 8-bit, fixed-point nunber with the binary point at
the left edge of the field. This value is calculated by dividing the
total nunber of packets |lost by the total nunber of packets expected
and nultiplying the result by 256, and then taking the integer part.

For any RTCP XR paraneter in this format, to map into the equival ent
SIP vg-rtcpxr paranmeter, sinply reverse the equation, i.e., divide by
256 and take the integer part.

4.6.2.2. Timestanps

Foll owi ng SIP and other | ETF conventions, tinestanps are provided in
Coordi nated Universal Time (UTC) using the ABNF fornmat provided in
RFC 3339 [7]. These tinestanps SHOULD reflect, as closely as
possi bl e, the actual tinme during which the nedia session was running
to enable correlation to related events occurring in the network and
to accounting or billing records.
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4.6.2.3. SessionDescription

The paraneters in this field provide a shortened version of the
session SDP(s), containing only the rel evant paraneters for session
quality reporting purposes. Were values may change during a
session, for exanple, a codec nay change rate, then the nost-recent
val ue of the parameter is reported.

4.6.2.3.1. Payl oad Type

This is the "payload type" paraneter used in the RTP packets, i.e.,
the codec. This field can also be nmapped fromthe SDP "rt prmap"
attribute field "payl oad type". |ANA-registered types SHOULD be
used.

4.6.2.3.2. Payl oad Desc

This paraneter is a text description of the codec. This paraneter
SHOULD use the | ANA registry for nedia-type names where it

unamnbi guously defines the codec. Refer to the "Audio Media Types"
registry on http://ww.iana. org.

4.6.2.3.3. Sanple Rate

This paraneter is mapped fromthe SDP "rtpmap" attribute field "clock
rate". The field provides the rate at which a voice was sanpl ed,
measured in Hertz (Hz).

4.6.2.3.4. Packets Per Second

This paranmeter is not contained in RTP or SDP but can usually be
obtai ned fromthe device codec. Packets per second provides the
(rounded) nunber of RTP packets that are transmtted per second.

4.6.2.3.5. Frane Duration

This paranmeter is not contained in RTP or SDP but can usually be
obt ai ned fromthe device codec. The field reflects the amount of
voi ce content in each frame within the RTP payl oad, neasured in
mlliseconds. Note that this value can be conbined with the
FramesPer Packet to determ ne the packetization rate. Also, where a
sanpl e-based codec is used, a "frame" refers to the set of sanples
carried in an RTP packet.
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4.6.2.3.6. Frame Cctets

This paraneter is not contained in RTP or SDP but is usually provided
by the device codec. The field provides the nunber of octets in each
franme within the RTP payload. This field is usually not provided
when the FranmeDuration is provided. Also, where a sanpl e-based codec
is used, a "frane" refers to the set of sanples carried in an RTP
packet .

4.6.2.3.7. Franes Per Packet

This paranmeter is not contained in RTP or SDP but can usually be
obtained fromthe device codec. This field provides the nunber of
franmes in each RTP packet. Note that this value can be conbined with
the FranmeDuration to determ ne the packetization rate. Also, where a
sanpl e-based codec is used, a "frame" refers to the set of sanples
carried in an RTP packet.

4.6.2.3.8. FMIP Options

This paraneter is taken directly fromthe SDP attribute "fmtp"
defined in RFC 4566.

4.6.2.3.9. Silence Suppression State

Thi s paraneter does not correspond to SDP, RTP, or RTCP XR It
i ndi cates whet her silence suppression, also known as Voice Activity
Detection (VAD), is enabled for the identified session

4.6.2.3.10. Packet Loss Conceal nent

Thi s val ue corresponds to "PLC' in RFC 3611 in the Vol P Metrics
Report Bl ock. The val ues defined by RFC 3611 are reused by this
recomendati on and therefore no mapping is required.

4.6.2.4. Local Addr

This field provides the | P address, port, and synchroni zation source
(SSRC) for the session fromthe perspective of the endpoint that is

nmeasuring performance. The | PAddress MAY be in IPv4 or IPv6 format.
The SSRC is taken from SDP, RTCP, or RTCP XR input paraneters.

In the presence of NAT and where a NAT-traversal mechani sm such as
Session Traversal Uilities for NAT (STUN) [16] is used, the externa
| P address can be reported, since the internal |IP address is not
visible to the network operator
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4.6

4.6

4.6

4.6

4.6

4.6

4.6

4. 6.

4.6

Pen

.2.5. Renot eAddr

This field provides the IP address, port, and SSRC of the session
peer fromthe perspective of the renpte endpoi nt neasuring
performance. |In the presence of NAT and where a NAT-traversal

mechani sm such as STUN [16] is used, the external |P address can be
reported, since the internal I P address is not visible to the network
oper at or.

.2.6. Jitter Buffer Paraneters

.2.6.1. Jditter Buffer Adaptive

Thi s val ue corresponds to "JBA" in RFC 3611 in the VolP Metrics
Report Bl ock. The values defined by RFC 3611 are unchanged and
therefore no mapping is required.

.2.6.2. Jitter Buffer Rate

This val ue corresponds to "JB rate" in RFC 3611 in the VolP Metrics
Report Bl ock. The paraneter does not require any conversion.

.2.6.3. Jitter Buffer Nom nal

This val ue corresponds to "JB nonminal"” in RFC 3611 in the Vol P
Metrics Report Block. The paraneter does not require any conversion.

.2.6.4. Jitter Buffer Mx

Thi s val ue corresponds to "JB nmaxi mun in RFC 3611 in the VolP
Metrics Report Block. The paraneter does not require any conversion.

.2.6.5. Jitter Buffer Abs Mx

Thi s val ue corresponds to "JB abs max" in RFC 3611 in the VolP
Metrics Report Block. The paraneter does not require any conversion.

2.7. Packet Loss Paraneters

.2.7.1. Network Loss Rate

This val ue corresponds to "loss rate" in RFC 3611 in the VolP Metrics
Report Bl ock. For conversion, see Section 4.6.2.1. A loss rate of

100% MAY be reported if medi a packets were expected but none had been
received at the tinme of session termnation.
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4.6.2.7.2. Jitter Buffer Discard Rate

This val ue corresponds to "discard rate" in RFC 3611 in the VolP
Metrics Report Block. For conversion, see Section 4.6.2.1

4.6.2.8. Burst/Gap Paraneters
4.6.2.8.1. Burst Loss Density

Thi s val ue corresponds to "burst density" in RFC 3611 in the VolP
Metrics Report Block. For conversion, see Section 4.6.2.1

4.6.2.8.2. Burst Duration
Thi s val ue corresponds to "burst duration” in RFC 3611 in the Vol P
Metrics Report Block. This value requires no conversion; the exact
val ue sent in an RTCP XR Vol P Metrics Report Block can be included in
the SIP vg-rtcpxr paraneter.

4.6.2.8.3. Gap Loss Density

This val ue corresponds to "gap density" in RFC 3611 in the Vol P
metrics Report Bl ock

4.6.2.8.4. Gap Duration
Thi s val ue corresponds to "gap duration” in RFC 3611 in the VolP
Metrics Report Block. This value requires no conversion; the exact
val ue sent in an RTCP XR Vol P Metrics Report Bl ock can be reported.
4.6.2.8.5. Mnimm Gap Threshol d
Thi s val ue corresponds to "Grin" in RFC 3611 in the VolP Metrics
Report Block. This value requires no conversion; the exact val ue
sent in an RTCP XR Vol P Metrics Report Block can be reported.
4.6.2.9. Delay Paranmeters
4.6.2.9.1. Round-Trip Del ay
Thi s val ue corresponds to "round trip delay" in RFC 3611 in the VolP

Metrics Report Block and may be measured using the nmethod defined in
RFC 3550. The parameter is expressed in mlliseconds.
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4.6.2.9.2. End System Del ay

Thi s val ue corresponds to "end system del ay” in RFC 3611 in the VolP
Metrics Report Block. This paraneter does not require any
conversion. The paraneter is expressed in nilliseconds.

4.6.2.9.3. Symmetric One-Way Del ay

This value is conmputed by adding Round-Trip Delay to the | ocal and
renote End System Del ay and divi ding by two.

4.6.2.9.4. One-Way Del ay

Thi s val ue SHOULD be measured using the nethods defined in | ETF RFC
2679 [12]. The paraneter is expressed in mlliseconds.

4.6.2.9.5. Inter-Arrival Jitter

Inter-arrival jitter is calculated as defined in RFC 3550 and
converted into mlliseconds.

4.6.2.9.6. Mean Absolute Jitter

It is reconmended that MAJ be neasured as defined in ITUT G 1020
[9]. This paraneter is often referred to as MAPDV (Mean Absol ute
Packet Delay Variation). The paraneter is expressed in mlliseconds.

4.6.2.10. Signal-Rel ated Paraneters
4.6.2.10.1. Signal Leve

This field corresponds to "signal level" in RFC 3611 in the VolP
Metrics Report Block. This field provides the voice signal relative
level is defined as the ratio of the signal level to a 0 dBnD

ref erence, expressed in decibels. This value can be used directly
wi t hout extra conversion.

4.6.2.10.2. Noise Level
This field corresponds to "noise level" in RFC 3611 in the Vol P
Metrics Report Block. This field provides the ratio of the silent

peri od background noise level to a 0 dBnD reference, expressed in
deci bels. This value can be used directly w thout extra conversion
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4.6.2.10.3. Residual Echo Return Loss (RERL)

This field corresponds to "RERL" in RFC 3611 in the VolP Metrics
Report Block. This field provides the ratio between the origina
signal and the echo I evel in decibels, as neasured after echo
cancel | ati on or suppression has been applied. This value can be used
directly without extra conversion

4.6.2.11. CQuality Scores
4.6.2.11.1. ListeningQualityR

This field reports the listening quality expressed as an R factor
(per G 107). This does not include the effects of echo or del ay.
The range of Ris 0-95 for narrowband calls and 0-120 for w deband
calls. Algorithms for conputing this value SHOULD be conpliant with
| T T Recomendations P.564 [10] and G 107 [11].

4.6.2.11.2. RLQEstAl g

This field provides a text nanme for the algorithmused to estimate
ListeningQualityR This field will be free formtext and not
necessarily reflective of any standards or recommendati ons.

4.6.2.11.3. Conversational QualityR

This field corresponds to "R factor” in RFC 3611 in the VolP Metrics
Report Block. This parameter provides a cumul ati ve neasurenent of
voice quality fromthe start of the session to the reporting tine.

The range of Ris 0-95 for narrowband calls and 0-120 for w deband
calls. Algorithms for conputing this value SHOULD be conpliant with

| TUT Reconmrendations P.564 and G 107. Wthin RFC 3611, a reported R
factor of 127 indicates that this paranmeter is unavailable; in this
case, the Conversational QualityR paranmeter MJUST be onmitted fromthe
vg-rtcpxr event.

4.6.2.11.4. RCQEStAlg

This field provides a text name for the algorithmused to estimate
Conversational QualityR  This field will be free formtext and not
necessarily reflective of any standards or recommendati ons.

4.6.2.11.5. ExternalR-1In
This field corresponds to "ext. R factor” in RFC 3611 in the VolP
Metrics Report Block. This paraneter reflects voice quality as

measured by the | ocal endpoint for incom ng connection on "other"
side (refer to RFC 3611 for a nore-detail ed explanation). The range
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of Ris 0-95 for narrowband calls and 0-120 for w deband calls.

Al gorithns for computing this value SHOULD be conpliant with ITUT
Recommendati ons P.564 and G 107. Wthin RFC 3611, a reported R
factor of 127 indicates that this paraneter is unavailable; in this
case, the Conversational QualityR paranmeter MJUST be onitted fromthe
vg-rtcpxr event.

4.6.2.11.6. EXtRInEstAl g

This field provides a text nanme for the algorithmused to estimate
External R-In. This field will be free-formtext and not necessarily
reflective of any standards or recomendati ons.

4.6.2.11.7. Ext er nal R- Qut

This field corresponds to "ext. R factor” in RFC 3611 in the VolP
Metrics Report Block. Here, the value is copied from RTCP XR nessage
received fromthe renpote endpoint on the "other" side of this
endpoint; refer to RFC 3611 for a nore detailed explanation). The
range of Ris 0-95 for narrowband calls and 0-120 for w deband calls.
Al gorithns for computing this value SHOULD be conpliant with ITUT
Recomendati ons P.564 and G 107. Wthin RFC 3611, a reported R
factor of 127 indicates that this paraneter is unavailable; in this
case, the Conversational QualityR paranmeter SHALL be omitted fromthe
vg-rtcpxr event.

4.6.2.11.8. EXtRQutEstAlg

This field provides a text name for the algorithmused to estimate
External R-Qut. This field will be free-formtext and not necessarily
reflective of any standards or recomendati ons.

4.6.2.11.9. MOS Reporting

Conversion of RFC 3611 reported nmean opi nion scores (M3Ss) for use in
reporting MOS-LQ and MOS- CQ MUST be perfornmed by dividing the RFC
3611 reported value by 10 if this value is less than or equal to 50
or onmtting the MOS-xQ paraneter if the RFC 3611 reported value is
127 (which indi cates unavail abl e).

4.6.2.11.9.1. M35 LQ
This field corresponds to "MOSLQ' in RFC 3611 in the VolP Metrics
Report Block. This parameter is the estimted nean opi nion score for

listening voice quality on a scale from1 to 5, in which 5 represents
"Excellent"” and 1 represents "Unacceptable". Algorithns for
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computing this value SHOULD be conpliant with | TU-T Recomrendati on
P.564 [10]. This field provides a text nanme for the algorithmused
to estimate MOS-LQ

4.6.2.11.9.2. MXG-CQ

This field corresponds to "MOSCQ' in RFC 3611 in the VolP Metrics
Report Block. This parameter is the estimted nean opi nion score for
conversation voice quality on a scale from1l to 5, in which 5
represents excellent and 1 represents unacceptable. Algorithnms for
conputing this value SHOULD be conpliant with | TU-T Recomrendati on
P.564 with regard to the listening quality el ement of the conputed
MOS scor e.

4.6.2.11.9.3. MOSCQESt Al g

This field provides a text name for the algorithmused to estimate
MOS-CQ This field will be free-formtext and not necessarily
reflective of any standards or recomendati ons.

4.6.2.11.10. QEEstA g

This field provides a text description of the algorithmused to
estimate all voice quality netrics. This parameter is provided as an
alternative to the separate estimation algorithnms for use when the
same algorithmis used for all measurenents. This field will be
free-formtext and not necessarily reflective of any standards or
recomendat i ons.

4.7. Message Fl ow and Syntax Exanpl es

Thi s section shows a number of message fl ow exanpl es showi ng how t he
event package works

4.7.1. End of Session Report Using NOTIFY
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Alice Pr oxy/ Regi strar Col | ect or Bob
I I I I
| | | |
| REQ STER Al'l ow Event: vqg-rtcpxr F1 | |
R Rt > | |
| 200 K F2 | | |
| <o | |
| | SUBSCRI BE Event:vqg-rtcpxr F3 |
| | <o | |
| SUBSCRI BE Event:vqg-rtcpxr F4 | |
| < | | |
| 200 K F5 | | |
R R > | |
| | 200 X F6 | |
| R R > |
| I NVI TE F7 | | |
|- > | |
| | I NVI TE F8 | |
| R R e e L R e EEEEPEEEERED >
| | 200 X F9 | |
| | |
| 200 K F10 | | |
| < | | |
| ACK F11 | | |
|- > | |
| | ACK F12 | |
| | o >
I RTP I I I
| <::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::>|
| RTCP, RTCP XR | |
I I I I
| BYE F13 | | |
I T >| BYE F14 | |
| R R R EEEEPED >
| | 200 XK F15 | |
| | S |
| 200 X F16 | | |
<o | | |
| NOTIFY Event:vg-rtcpxr F17 | |
|- > | |
| | NOTIFY Event:vg-rtcpxr F18 |
T R b > |
| | 200 K F19 | |
| | <o | |
| 200 K F20 | | |
R ettt | | |
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Figure 1. Sunmary report with NOTIFY sent after session termnation.
In the call flow depicted in Figure 1, the foll ow ng message format
is sent in F17:

NOTI FY si p: col | ect or @xanmple.org SIP/2.0

Via: SIP/2.0/UDP pc22. exanpl e. org; branch=z9hG4bK3343d7

Max- Forwards: 70

To: <sip:collector@xanpl e. org>; t ag=43524545

From Alice <sip:alice@xanple.org>; tag=a3343df 32

Cal | -1 D: 1890463548

CSeq: 4321 NOTIFY

Contact: <sip:alice@c22. exanpl e. org>

Al low | NVITE, ACK, CANCEL, OPTIONS, BYE, REFER
SUBSCRI BE, NOTI FY

Event: vg-rtcpxr

Accept: application/sdp, nessage/sipfrag

Subscription-State: active; expires=3600

Cont ent - Type: application/vqg-rtcpxr

Cont ent - Lengt h: .

VQ@Sessi onReport: Call Term

Cal | I D: 6dg37f 1890463

Local ID: Alice <sip:alice@xanple.org>

Renotel D: Bill <sip:bill @xanple.net>

OiglD Aice <sip:alice@xanple.org>

Local Group: exanpl e- phone-55671

Renot eGroup: exanpl e- gat eway- 09871

Local Addr: | P=10.10.1.100 PORT=5000 SSRC=1a3b5c7d

Local MAC: 00: 1f: 5b: cc: 21: Of

Renpt eAddr : 1 P=11. 1. 1. 150 PORT=5002 SSRC=0x2468abcd

Renot eMAC: 00: 26: 08: 8e: 95: 02

Local Metri cs:

Ti mest anps: START=2004- 10- 10T18: 23: 43Z STOP=2004- 10-01T18: 26: 02Z

Sessi onDesc: PT=0 PD=PCMJ SR=8000 FD=20 FO=160 FPP=1 PPS=50
PLC=3 SSUP=0n

JitterBuffer:JBA=3 JBR=2 JBN=40 JBM=80 JBX=120

Packet Loss: NLR=5. 0 JDR=2.0

Bur st GapLoss: BLD=0 BD=0 G.D=2.0 GD=500 GM N=16

Del ay: RTD=200 ESD=140 SOAD=200 | AJ=2 MAJ=10

Si gnal : SL=-18 NL=-50 RERL=55

Qual i tyEst: RLQ=88 RCQ=85 EXTRI =90 MOSLQ=4.1 MOSCQ@4.0

QoEEst Al g=P. 564

Renot eMetri cs:

Ti mest anps: START=2004- 10- 10T18: 23: 43Z STOP=2004- 10-01T18: 26: 02Z

Sessi onDesc: PT=0 PD=PCMJ SR=8000 FD=20 FO=160 FPP=1 PPS=50
PLC=3 SSUP=0n

JitterBuffer:JBA=3 JBR=2 JBN=40 JBM=80 JBX=120

Packet Loss: NLR=5. 0 JDR=2.0
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Bur st GapLoss: BLD=0 BD=0 G.D=2. 0 GD=500 GM N=16

Del ay: RTD=200 ESD=140 SOAD=200 | AJ=2 MAJ=10

Signal : SL=-21 NL=-45 RERL=55

Qual i tyEst: RLQ=90 RCQ=85 EXTRI =90 MOSLQ=4. 3 MOSCQ=4. 2
QOEEst Al g=P. 564

Di al ogl D: 1890463548@l i ce. exanpl e. org; t o-tag=8472761;
fromtag=9123dh311

4.7.2. Mdsession Threshold Viol ation Usi ng NOTI FY

Alice Pr oxy/ Regi strar Col | ect or Bob
I I I I
I I I I
| REGQ STER Al | ow Event:vg-rtcpxr F1 | |
e > | |
| 200 K F2 | | |
| < | | |
| | SUBSCRI BE Event:vqg-rtcpxr F3 |
| | <o | |
| SUBSCRI BE Event:vg-rtcpxr F4 | |
| <o | |
| 200 K F5 | | |
R > | |
| | 200 CK F6 | |

------------------- >| |
| I NVI TE F7 | | |
R R > | |
| | I N\VI TE F8 | |
| e >
| | 200 &K F9 | |
| S |
| 200 X F10 | | |
| <o | | |
| ACK F11 | | |
|- > | |
| | ACK F12 | |
| |- >
I RTP I I I
| <::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::>|
| RTCP, RTCP XR | |
| <::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::>|
| NOTIFY Event:vg-rtcpxr F13 | |
R s > | |
| | NOTIFY Event:vg-rtcpxr Fl14 |
| R LR > |
| | 200 &K F15 | |
| | < | |
| 200 XK F16 | | |
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—————————————————— >| BYE F18
[ = o s m e
| 200 X F19 |
IS
200 &K F20 | |
------------------- | |
NOTI FY Event:vg-rtcpxr F21 |
------------------ >| |
| NOTIFY Event:vg-rtcpxr F22
R et >
| 200 &K F23 |
| <o |
200 K F24 | |

Figure 2. An alert report is sent during the session.
In the call flow depicted in Figure 2, the foll ow ng nmessage
format is sent in F13:

NOTI FY si p: col | ect or @xanmple.org SIP/2.0

Novenmber 2010

Via: SIP/2.0/UDP pc22. exanpl e. org; branch=z9hG4bK3343d7

Max- Forwards: 70

To: <si p: proxy@xanpl e. or g>

From Alice <sip:alice@xanple.org>; tag=a3343df 32

Cal |l -1 D: 1890463548

CSeq: 4331 PUBLI SH

Al low. | NVITE, ACK, CANCEL, OPTIONS, BYE, REFER,
SUBSCRI BE, NOTI FY

Event: vg-rtcpxr

Accept: application/sdp, message/sipfrag

Cont ent - Type: application/vqg-rtcpxr

Cont ent - Lengt h:

VQAl ert Report: Type=NLR Severity=Critical Dir=local
Cal | I D 6dg37f 1890463

Local ID: Alice <sip:alice@xanple.org>

Renotel D: Bill <sip:bill @xanple.org>

OiglD Alice <sip:alice@xanple.org>

Local Group: exanpl e- phone-55671

Renot eGroup: exanpl e- gat eway- 09871

Local Addr: | P=10. 10. 1. 100 PORT=5000 SSRC=0x2468abcd
Local MAC: 00: 1f: 5b: cc: 21: Of
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Renot eAddr: 1 P=11. 1. 1. 150 PORT=5002 SSRC=1357efff
Renot eMAC. 00: 26: 08: 8e: 95: 02
Local Metrics:
Ti mest anps: START=2004- 10- 10T18: 23: 43Z STOP=2004- 10- 01T18: 26: 02Z
Sessi onDesc: PT=18 PD=G729 SR=8000 FD=20 FO=20 FPP=2 PPS=50
FMIP="annexb=no" PLC=3 SSUP=o0on
JitterBuffer:JBA=3 JBR=2 JBN=40 JBM-80 JBX=120
Packet Loss: NLR=10. 0 JDR=2.0
Bur st GapLoss: BLD=0 BD=0 G.D=2.0 GD=500 GM N=16
Del ay: RTD=200 ESD=140 SOAD=200 | AJ=2 MAJ=10
Signal : SL=-21 NL=-50 RERL=55
Qual i tyEst: RL@=80 RCQ@85 EXTRI =90 MOSLQ=3.5 MOSCQ=3.7
QOEEst Al g=P. 564
Renpt eMetri cs:
Ti mest anps: START=2004- 10- 10T18: 23: 43Z STOP=2004- 10-01T18: 26: 02Z
Sessi onDesc: PT=18 PD=G729 SR=8000 FD=20 FO=20 FPP=2 PPS=50
FMIP="annexb=no" PLC=3 SSUP=on
JitterBuffer: JBA=3 JBR=2 JBN=40 JBM=80 JBX=120
Packet Loss: NLR=5.0 JDR=2.0
Bur st GapLoss: BLD=0 BD=0 G.D=2.0 GD=500 GM N=16
Del ay: RTD=200 ESD=140 SOAD=200 | AJ=2 MAJ=10
Signal : SL=-21 NL=-45 RERL=55
Qual i tyEst: RLQ=90 RCQ@=85 MOSLQ=4.3 MOSCQ=4.2 (QEEst Al g=P. 564
Di al ogl D: 1890463548@l i ce. exanpl e. org; t o-t ag=8472761;
fromtag=9123dh311
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4.7.3. End of Session Report Using PUBLI SH
Alice Pr oxy/ Regi strar Col | ect or Bob
I I I I
I I I I
| REG STER Al'l ow Event:vg-rtcpxr F1 | |
R et > | |
| 200 K F2 | | |
| <o | | |
| I NVI TE F3 | | |
|- > | |
| | I NVITE F4 | |
| R e e L EEEEEEEEPEEEERED >
| | 200 K F5 | |
| | |
| 200 K F6 | | |
| <o | | |
| ACK F7 | | |
|- > | |
| | ACK F8 | |
| | o >
I RTP I I I
| <::::::::::::::::::::::::::::::::::::::::::::::::::::::::::::>|
I RTCP I I I
I I I I
| BYE F9 | | |
[-----mmm e - >| BYE F10 | |
| e >
| | 200 X F11 | |
| | S |
| 200 &K F12 | | |
| <o | | |
| PUBLISH Event:vg-rtcpxr F13 | |
R > | |
| | PUBLI SH Event:vqg-rtcpxr Fl14 |
| R R TRt > |
| | 200 &K F15 | |
| | <o | |
| 200 &K F16 | | |
R et | | |

Figure 3. End of session report sent after session term nation
In the nmessage flow depicted in Figure 3,

sent in
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PUBLI SH si p: col | ect or @xanpl e.org SIP/ 2.0

Via: SIP/2.0/UDP pc22. exanpl e. org; branch=z9h&4bK3343d7

Max- Forwards: 70

To: <si p: proxy@xanpl e. or g>

From Alice <sip:alice@xanple.org>;tag=a3343df 32

Call -1 D: 1890463548

CSeq: 4331 PUBLI SH

Allow. | NVITE, ACK, CANCEL, OPTIONS, BYE, REFER,
SUBSCRI BE, NOTI FY

Event: vg-rtcpxr

Accept: application/sdp, nessage/sipfrag

Cont ent - Type: application/vqg-rtcpxr

Cont ent - Lengt h:

VQ@Sessi onReport: Call Term

Cal | I D: 6dg37f 1890463

Local ID: Alice <sip:alice@xanple.org>

Renotel D. Bill <sip:bill @xanple.net>

OiglD Aice <sip:alice@xanple.org>

Local Group: exanpl e- phone-55671

Renot eGroup: exanpl e- gat eway- 09871

Local Addr: | P=10.10.1.100 PORT=5000 SSRC=1a3b5c7d

Local MAC: 00: 1f: 5b: cc: 21: Of

Renot eAddr: | P=11. 1. 1. 150 PORT=5002 SSRC=0x2468abcd

Renot eMAC: 00: 26: 08: 8e: 95: 02

Local Metrics:

Ti mest anps: START=2004- 10- 10T18: 23: 43Z STOP=2004- 10-01T18: 26: 02Z

Sessi onDesc: PT=18 PD=G729 SR=8000 FD=20 FO=20 FPP=2 PPS=50
FMIP="annexb=no" PLC=3 SSUP=on

JitterBuffer:JBA=3 JBR=2 JBN=40 JBMF80 JBX=120

Packet Loss: NLR=5. 0 JDR=2.0

Bur st GapLoss: BLD=0 BD=0 G.D=2.0 GD=500 GM N=16

Del ay: RTD=200 ESD=140 SOAD=200 | AJ=2 MAJ=10

Signal : SL=-21 NL=-50 RERL=55

Qual i tyEst: RLQ=90 RCQ=85 EXTRI =90 MOSLQ=4.2 MOSCQ4. 3

QoEEst Al g=P. 564

Renot eMetri cs:

Ti mest anps: START=2004- 10- 10T18: 23: 43Z STOP=2004- 10-01T18: 26: 02Z

Sessi onDesc: PT=18 PD=G729 SR=8000 FD=20 FO=20 FPP=2 PPS=50
FMIP="annexb=no" PLC=3 SSUP=on

JitterBuffer:JBA=3 JBR=2 JBN=40 JBM=80 JBX=120

Packet Loss: NLR=5. 0 JDR=2.0

Bur st GapLoss: BLD=0 BD=0 G.D=2.0 GD=500 GM N=16

Del ay: RTD=200 ESD=140 SOAD=200 | AJ=2 MAJ=10

Signal : SL=-21 NL=-45 RERL=55

Qual i tyEst: RLQ=90 RCQ@=85 MOSLQ=4.3 MOSCQ4.2 QEEst Al g=P. 564

Di al ogl D: 1890463548@l i ce. exanpl e. org; t o-tag=8472761;

fromtag=9123dh311
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4.7.4. Aert Report Using PUBLISH
Alice Pr oxy/ Regi strar Col | ect or Bob
I I I I
| I NVI TE F1 | | |
|- > | |
| | I NVI TE F2 | |
| R R e R e EEE R EEEEEREE >
| | 200 X F3 | |
| S |
| 200 K F4 | | |
| <o | | |
| ACK F5 | | |
R R > | |
| | ACK F6 | |
| | oo >
I RTP I I I
I RTCP I I I
| PUBLISH Event:vqg-rtcpxr F7 | |
R >| | |
| | PUBLI SH Event:vqg-rtcpxr F8 |
| R P LR > |
| | 200 &K F9 | |
| | <o | |
| 200 K F10 | | |
| <o | | |
I I I I
| BYE F11 | | |
R >| BYE F12 | |
| |- >
| | 200 K F13 | |
| | o |
| 200 X F14 | | |
| <o | | |

Figure 4. Alert report nessage flow
In the nessage flow depicted in Figure 4, the follow ng nessage is
sent in F7:

PUBLI SH si p: col | ect or @xanpl e.org SIP/ 2.0
Via: SIP/2.0/UDP pc22. exanpl e. org; branch=z9h&4bK3343d7
Max- Forwards: 70
To: <sip:collector@xanpl e. org>
From Alice <sip:alice@xanple.org>;tag=a3343df 32
Call -1 D: 1890463548
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CSeq: 4321 PUBLI SH

Allow. | NVITE, ACK, CANCEL, OPTIONS, BYE, REFER,
SUBSCRI BE, NOTI FY

Event: vg-rtcpxr

Accept: application/sdp, nessage/sipfrag

Cont ent - Type: application/vqg-rtcpxr

Cont ent - Lengt h:

VQAl ert Report: Type=RLQ Severity=Warning Dir=l ocal
Cal | I D: 6dg37f 1890463
Local ID: Alice <sip:alice@xanple.org>
Renotel D: Bill <sip:bill @xanple.org>
OiglD Aice <sip:alice@xanple.org>
Local Group: exanpl e- phone-55671
Renot eGroup: exanpl e- gat eway- 09871
Local Addr: | P=10.10.1.100 PORT=5000 SSRC=1a3b5c7d
Local MAC: 00: 1f: 5b: cc: 21: Of
Renpt eAddr: 1 P=11. 1. 1. 150 PORT=5002 SSRC=0x2468abcd
Renot eMAC: 00: 26: 08: 8e: 95: 02
Metrics:
Ti mest anps: START=2004- 10- 10T18: 23: 43Z STOP=2004- 10-01T18: 26: 02Z
Sessi onDesc: PT=0 PD=PCMJ SR=8000 FD=20 FO=160 FPP=1 PPS=50
PLC=3 SSUP=0n
JitterBuffer:JBA=3 JBR=2 JBN=40 JBM=80 JBX=120
Packet Loss: NLR=5. 0 JDR=2.0
Bur st GapLoss: BLD=0 BD=0 G.D=2.0 GD=500 GM N=16
Del ay: RTD=200 ESD=140 SOAD=200 | AJ=2 MAJ=10
Signal : SL=-12 NL=-30 RERL=55
Qual i tyEst: RLQ=60 RCQ=55 EXTR=90 MOSLQ=2.4 MOSCQ=2. 3
QoEEst Al g=P. 564
Renot eMetri cs:
Ti mest anps: START=2004- 10- 10T18: 23: 43Z STOP=2004- 10-01T18: 26: 02Z
Sessi onDesc: PT=0 PD=PCMJ SR=8000 FD=20 FO=160 FPP=1 PPS=50
PLC=3 SSUP=0n
JitterBuffer:JBA=3 JBR=2 JBN=40 JBM=80 JBX=120
Packet Loss: NLR=5. 0 JDR=2.0
Bur st GapLoss: BLD=0 BD=0 G.D=2. 0 GD=500 GM N=16
Del ay: RTD=200 ESD=140 SOAD=200 | AJ=2 MAJ=10
Si gnal : SL=-23 NL=-60 RERL=55
Qual i tyEst: RLQ=90 RCQ=85 EXTRI =90 MOSLQ=4.2 MOSCQ=4. 3
QOEEst Al g=P. 564
Di al ogl D: 1890463548@l i ce. exanpl e. org; t o-t ag=8472761;
fromtag=9123dh3111
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4.8. Configuration Dataset for vg-rtcpxr Events

It is the suggestion of the authors that the SIP configuration
framework [15] be used to establish the necessary paraneters for
usage of vqg-rtcpxr events. A dataset for this purpose should be

desi gned and docunented in a separate docunent upon conpletion of the
f ramewor k.

5. | ANA Consi derations
Thi s docunent registers a new SI P Event Package and a new nedi a type.
5.1. SIP Event Package Registration

Package nane: vq-rtcpxr

Type: package

Contact: Any Pendl et on <aspen@ el cheny. conp
Publ i shed Specification: This docunent

5.2. application/vg-rtcpxr Media Type Registration

Type name: application

Subt ype nane: vg-rtcpxr

Requi red parameters: none

Opti onal paranmeters: none

Encodi ng considerations: 7 bit

Security considerations: See next section.
Interoperability considerations: none.
Publ i shed specification: This docunent.

Applications that use this nedia type: This docunent type is
being used in notifications of VolP quality reports.

Addi tional |nfornation:
Magi ¢ Nunber: None
Fil e Extension: None
Maci ntosh file type code: "TEXT"

Person and emmi| address for further information: Any Pendl eton
<aspen@ el cheny. conp

I nt ended usage: COVMON

Aut hor / Change controller: The |ETF.
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6.

8.

8.

Security Considerations

RTCP reports can contain sensitive information since they can provide
i nformati on about the nature and duration of a session established
between two or nore endpoints. As a result, any third party wi shing
to obtain this informati on SHOULD be properly authenticated by the
SI P UA using standard SI P mechani sms and according to the
recomrendations in [5]. Additionally, the event content MAY be
encrypted to ensure confidentiality; the mechanisnms for providing
confidentiality are detailed in [2].
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