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Glossary

Aggregate See ‘Behavior aggregate’.
BA classifier A traffic classifier based on the DS field.

Behavior aggregate DiffServ term defined in RFC 2474 as ‘a collection of packets with
the same codepoint crossing a link in a particular direction’.

Boundary link A link connecting the edge nodes of two domains (RFC 2475).

Boundary node A DS node that connects one DS domain to a node either in another
DS domain or in a domain that is not DS-capable (RFC 2475).

Circuit loudness rating (CLR) Loudness loss between two electrical interfaces in a
connection or circuit, each interface terminated by its nominal impedance which can be
a complex value. This is O for a digital circuit and 0.5 for a mixed analog/digital circuit.

Class selector codepoint DiffServ term defined in RFC 2474 as ‘any of the eight code-
points in the range xxx000’ (x = 0 or 1). See also ‘Class selector-compliant codepoint’.

Class selector-compliant codepoint DiffServ term defined in RFC 2474 as per-hop
behavior satisfying the class selector specifications as defined in RFC 2474. In short,
these requirements aim at ensuring a minimal level of backward compatibility with IP
precedence semantics of RFC 791 (see Chapter 4 on QoS for more details).

Codepoint Proposed name for the value of the PHB field of the DS octet, in the DiffServ
framework (see RFC 2474 and class selector codepoint).

Controlled load service An application requesting a controlled load service for a stream
of given characteristics expects the network to behave as if it was lightly loaded for that
stream.
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Currently unused (CU) The last two bits of the DS octet.
dBm Power level with reference to 1 mW.

dBm0 At the reference frequency (1,020 Hz), L dBmO represents an absolute power
level of L dBm measured at the transmission reference point (0-dBr point), and a level of
L + x dBM measured at a point having a relative level of x dBr (see G.100, annex A.4).

Differentiated service(s) (DS) The new name assigned by the IETF DiffServ group to
the Ipv4 TOS field and the IPv6 traffic class field (see RFC 2474).

Differentiated services codepoint (DSCP) The name of the first 6 bits of the DS octet
(in drafts before RFC 2474 these bits were called the PHB).

DS-compliant Behaving according to the general rules of RFC 2474 (see DS).

Echo Unwanted signal delayed to such a degree that it is perceived as distinct from the
wanted signal.

Exterior gateway protocol (EGP) Used for unicast interdomain routing (e.g., BGP).
First come first served (FCFS) Another name for FIFO.
First in first out (FIFO) Same as FCFS.

Forwarding table For unicast routers, this is the list of the appropriate egress interface
for each destination prefix. For a multicast router, this also includes the expected incoming
interface (iif) and a list of outgoing interfaces (oiflist) for each destination group address
(there can only be one such entry for each source for some multicast-routing protocols,
like DVMRP).

Hierarchical DVMRP (HDVMRP) See A.S. Thyagarajan and S.E. Deering. In: Pro-
ceedings of the ACM SIGCOMM Hierarchical distance-vector multicast routing for the
MBone, pp. 60-66, October 1995.

In profile Packets part of a packet stream that were found to comply with the packet
stream description (average and peak rate, maximum burst size, etc...).

Listener echo Echo produced by double-reflected signals and disturbing the listener.

Loudness rating (LR) As used in the G-Series Recommendations for planning, loud-
ness rating is an objective measure of loudness loss (i.e., weighted, electro-acoustic loss
between certain interfaces in the telephone network). If the circuit between the interfaces
is subdivided into sections, the sum of individual section LRs is equal to the total LR.
In LR contexts, the subscribers are represented from a measuring point of view by an
artificial mouth and an artificial ear, respectively, both being accurately specified.

Meter A device that performs metering (RFC 2475).

Metering The process of measuring the temporal properties (e.g., rate) of a traffic stream
selected by a classifier. The instantaneous state of this process may be used to affect the
operation of a marker, shaper, and dropper, and/or may be used for accounting and
measurement purposes (RFC 2475).
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MF classifier A traffic classifier based on one or more IP header fields such as protocol
number, source and destination IP addresses, port numbers, DS field value, etc. (see also
BA classifier and the next entry).

MF classifier: multi-field classifier (MF) A functional block that is able to sort flows
according to several fields of the IP packet (source address, destination address, source
port, destination port, .. .).

Microflow A single instance of an application-to-application flow of packets which is
identified by source address, source port, destination address, destination port, and/or
protocol ID (see also MF classifier) (RFC 2475).

Multicast RIB The routing information base, or routing table, used to calculate the
‘next hop’ toward a particular address for multicast traffic.

Network layer reachability information (NLRI) Conveyed by BGP4+, this informa-
tion is used by BGMP to inject multicast routes in the interdomain-routing protocol.

oiflist A list of outgoing interfaces which is part of each forwarding table entry.

Out of profile Property of data packets within a flow which momentarily exceeds some
envelope parameters of its profile (such as maximum burst size) (e.g., if the flow is
regulated by a token bucket, packets arriving when there are no tokens and the backlog
buffer is full are out of profile) (see Profile).

Overall loudness rating (OLR) Loudness loss between the speaking subscriber’s mouth
and the listening subscriber’s ear via a connection.

PHB group A set of one or more PHBs that can only be meaningfully specified and
implemented simultaneously, due to a common constraint applying to all PHBs in the set
such as queue servicing or queue management policy (RFC 2475).

PHB Defined in RFC 2474 as ‘a description of the externally observable forwarding
treatment applied at a differentiated services compliant node to a behavior aggregate’.
PHB also referred to the first six bits of the DS octet in drafts before RFC 2474 (these
bits are now called DSCP).

Policing The process of discarding packets by a dropper within a traffic stream in
accordance with the state of a corresponding meter enforcing a traffic profile (RFC 2475).

Profile Properties of a data flow, usually defined as envelope parameters (such as max-
imum burst size) and mean values (such as average bitrate).

Promiscuous An interface set in promiscuous mode receives and forwards to upper
layers (the device driver), all the packets it has access to, even if the physical destination
address of such packets shows it is destined to another interface.

Prune A message sent by a downstream multicast router to an upstream router, mean-
ing he is not interested in receiving multicast packets for a specific group and source.
This marks a soft state in the upstream router, which usually expires after an hour
or two.
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Receive loudness rating (RLR) Loudness loss between an electric interface in the
network and the listening subscriber’s ear. Loudness loss is here defined as the weighted
(dB) average of driving e.m.f. to measured sound pressure. The weighted mean value for
G.111 and G.121 is 1-6 in the short term and 1-3 in the long term (from G.111).

Routing information base (RIB) The list of all routes (next hop and distance to each
destination prefix) from the router.

Send loudness rating (SLR) Loudness loss between the speaking subscriber’s mouth
and an electric interface in the network. Loudness loss is here defined as the weighted
(dB) average of driving sound pressure to measured voltage. The weighted mean value
for G.111 and G.121 is 7-15 in the short term and 7-9 in the long term (from G.111).

Soft state Any state that times out after a certain delay if not refreshed.

Source router In this document only: any router directly connected to a subnetwork
with a source station.

Stub domain A domain that has no transit traffic between its border routers (i.e., not
used by other domains as a transit domain to destinations external to the domain).

Talker echo loudness rating (TELR) Loudness loss of the sound of the speaker’s voice
reaching his ear as a delayed echo (see 4.2/G.122 and fig. 2/G.131).

Talker echo Echo produced by reflection near the listener’s end of a connection and
disturbing the talker.

Terminal coupling loss (TCL) Coupling loss between the receiving port and the sending
port of a terminal due to acoustical coupling at the user interface, electrical coupling due
to crosstalk in the handset cord or within the electrical circuits, and seismic coupling
through the mechanical parts of the terminal. For a digital handset it is commonly in the
order of 40 dB to 46 dB.

Traffic-conditioning agreement (TCA) The specification of all traffic-shaping param-
eters, discard policies, in/out-of-profile handling rules used for a particular service-level
agreement (SLA).

Transit domain A domain that has transit traffic between its border routers (i.e., used
by other domains to reach destinations external to the domain).

Weighted terminal coupling loss—double talk (TCLwdt) The weighted loss between
Ri, and S, network interfaces when echo control is in normal operation and when the
local user and the far-end user talk simultaneously.

Weighted terminal coupling loss—single talk (TCLwst) The weighted loss between
Riy and Sy network interfaces when echo control is in normal operation and when there
is no signal coming from the user.



