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Description

CROSS-REFERENCE TO RELATED APPLICATIONS

BACKGROUND

I. Field

[0001] The following description relates generally to
wireless communications, more particularly to methods
and systems to improve network performance.

II. Background

[0002] Wireless communication systems are widely
deployed to provide various types of communication; for
instance, voice and/or data can be provided via such
wireless communication systems. A typical wireless
communication system, or network, can provide multiple
users access to one or more shared resources (e.g.,
bandwidth, transmit power, ...). For instance, a system
can use a variety of multiple access techniques such as
Frequency Division Multiplexing (FDM), Time Division
Multiplexing (TDM), Code Division Multiplexing (CDM),
Orthogonal Frequency Division Multiplexing (OFDM),
High Speed Packet (HSPA, HSPA+), and others. More-
over, wireless communication systems can be designed
to implement one or more standards, such as IS-95,
CDMA2000, IS-856, W-CDMA, TD-SCDMA, and the like.
Nevertheless, as the demand for high-rate and multime-
dia data services has grown there now lies a challenge
in implementing efficient and robust High Speed Packet
Access (HSPA) communication systems.
[0003] US 2005/243831 discloses a method and ap-
paratus for forwarding non-consecutive data blocks in
enhanced uplink transmissions.

SUMMARY

[0004] The invention is carried out in accordance with
the appended claims.
[0005] To the accomplishment of the related ends, one
or more embodiments comprise the features hereinafter
fully described and particularly pointed out in the claims.
The following description and the annexed drawings set
forth in detail certain illustrative aspects of the one or
more embodiments. These aspects are indicative, how-
ever, of but a few of the various ways in which the prin-
ciples of various embodiments can be employed and the
described embodiments are intended to include all such
aspects.

BRIEF DESCRIPTION OF THE DRAWINGS

[0006]

FIG. 1 is an illustration of a wireless communication
system in accordance with various aspects set forth

herein.
FIG. 2 is an illustration of an example system that
effectuates transmitting circuit switched voice over
packet switched networks in a wireless communica-
tion environment.
FIG. 3 is an illustration of an example system that
actuates transmitting circuit switched voice over
packet switched networks in a wireless communica-
tion environment.
FIG. 4 is an illustration of an example de-jitter buffer
that effectuates transmitting circuit switched voice
over packet switched networks in accordance with
various aspects of the subject disclosure.
FIG. 5 is a further illustration of an example de-jitter
buffer that effectuates transmitting circuit switched
voice over packet switched networks in accordance
with various aspects of the claimed disclosure.
FIG. 6 provide further depiction of an example de-
jitter buffer actuates transmitting circuit switched
voice over packet switched networks in accordance
with various aspects of the claimed subject matter.
FIG. 7 is an illustration of an example methodology
that facilitates transmission of circuit switched voice
over packet switched networks in a wireless com-
munication environment.
FIG. 8 is an illustration of an example access terminal
that effectuates transmitting circuit switched voice
over packet switched networks in a wireless com-
munication system.
FIG. 9 is an illustration of an example system that
effectuates transmitting circuit switched voice over
packet switched networks in a wireless communica-
tion environment.
FIG. 10 is an illustration of an example wireless net-
work environment that can be employed in conjunc-
tion with the various systems and methods described
herein.
FIG. 11 is an illustration of an example system that
effectuates transmitting circuit switched voice over
packet switched networks in a wireless communica-
tion environment.

DETAILED DESCRIPTION

[0007] Various embodiments are now described with
reference to the drawings, wherein like reference numer-
als are used to refer to like elements throughout. In the
following description, for purposes of explanation, nu-
merous specific details are set forth in order to provide
a thorough understanding of one or more embodiments.
It may be evident, however, that such embodiment(s)
may be practiced without these specific details. In other
instances, well-known structures and devices are shown
in block diagram form in order to facilitate describing one
or more embodiments.
[0008] As used in this application, the terms "compo-
nent," "module," "system," and the like are intended to
refer to a computer-related entity, either hardware,
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firmware, a combination of hardware and software, soft-
ware, or software in execution. For example, a compo-
nent can be, but is not limited to being, a process running
on a processor, a processor, an object, an executable,
a thread of execution, a program, and/or a computer. By
way of illustration, both an application running on a com-
puting device and the computing device can be a com-
ponent. One or more components can reside within a
process and/or thread of execution and a component can
be localized on one computer and/or distributed between
two or more computers. In addition, these components
can execute from various computer readable media hav-
ing various data structures stored thereon. The compo-
nents can communicate by way of local and/or remote
processes such as in accordance with a signal having
one or more data packets (e.g., data from one component
interacting with another component in a local system,
distributed system, and/or across a network such as the
Internet with other systems by way of the signal).
[0009] The techniques described herein can be used
for various wireless communication systems such as
code division multiple access (CDMA), time division mul-
tiple access (TDMA), frequency division multiple access
(FDMA), orthogonal frequency division multiple access
(OFDMA), single carrier-frequency division multiple ac-
cess (SC-FDMA), High Speed Packet Access (HSPA),
and other systems. The terms "system" and "network"
are often used interchangeably. A CDMA system can
implement a radio technology such as Universal Terres-
trial Radio Access (UTRA), CDMA2000, etc. UTRA in-
cludes Wideband-CDMA (W-CDMA) and other variants
of CDMA. CDMA2000 covers IS-2000, IS-95 and IS-856
standards. A TDMA system can implement a radio tech-
nology such as Global System for Mobile Communica-
tions (GSM). An OFDMA system can implement a radio
technology such as Evolved UTRA (E-UTRA), Ultra Mo-
bile Broadband (UMB), IEEE 802.11 (Wi-Fi), IEEE
802.16 (WiMAX), IEEE 802.20, Flash-OFDM, etc. UTRA
and E-UTRA are part of Universal Mobile Telecommuni-
cation System (UMTS). 3GPP Long Term Evolution
(LTE) is an upcoming release of UMTS that uses E-
UTRA, which employs OFDMA on the downlink and SC-
FDMA on the uplink.
[0010] Single carrier frequency division multiple ac-
cess (SC-FDMA) utilizes single carrier modulation and
frequency domain equalization. SC-FDMA has similar
performance and essentially the same overall complexity
as those of an OFDMA system. A SC-FDMA signal has
lower peak-to-average power ratio (PAPR) because of
its inherent single carrier structure. SC-FDMA can be
used, for instance, in uplink communications where lower
PAPR greatly benefits access terminals in terms of trans-
mit power efficiency. Accordingly, SC-FDMA can be im-
plemented as an uplink multiple access scheme in 3GPP
Long Term Evolution (LTE) or Evolved UTRA.
[0011] High speed packet access (HSPA) can include
high speed downlink packet access (HSDPA) technology
and high speed uplink packet access (HSUPA) or en-

hanced uplink (EUL) technology and can also include
HSPA+ technology. HSDPA, HSUPA and HSPA+ are
part of the Third Generation Partnership Project (3GPP)
specifications Release 5, Release 6, and Release 7, re-
spectively.
[0012] High speed downlink packet access (HSDPA)
optimizes data transmission from the network to the user
equipment (UE). As used herein, transmission from the
network to the user equipment UE can be referred to as
the "downlink" (DL). Transmission methods can allow da-
ta rates of several Mbits/s. High speed downlink packet
access (HSDPA) can increase the capacity of mobile ra-
dio networks. High speed uplink packet access (HSUPA)
can optimize data transmission from the terminal to the
network. As used herein, transmissions from the terminal
to the network can be referred to as the "uplink" (UL).
Uplink data transmission methods can allow data rates
of several Mbit/s. HSPA+ provides even further improve-
ments both in the uplink and downlink as specified in
Release 7 of the 3GPP specification. High speed packet
access (HSPA) methods typically allow for faster inter-
actions between the downlink and the uplink in data serv-
ices transmitting large volumes of data, for instance
Voice over IP (VoIP), videoconferencing and mobile of-
fice applications
[0013] Fast data transmission protocols such as hybrid
automatic repeat request, (HARQ) can be used on the
uplink and downlink. Such protocols, such as hybrid au-
tomatic repeat request (HARQ), allow a recipient to au-
tomatically request retransmission of a packet that might
have been received in error.
[0014] Various embodiments are described herein in
connection with an access terminal. An access terminal
can also be called a system, subscriber unit, subscriber
station, mobile station, mobile, remote station, remote
terminal, mobile device, user terminal, terminal, wireless
communication device, user agent, user device, or user
equipment (UE). An access terminal can be a cellular
telephone, a cordless telephone, a Session Initiation Pro-
tocol (SIP) phone, a wireless local loop (WLL) station, a
personal digital assistant (PDA), a handheld device hav-
ing wireless connection capability, computing device, or
other processing device connected to a wireless modem.
Moreover, various embodiments are described herein in
connection with a base station. A base station can be
utilized for communicating with access terminal(s) and
can also be referred to as an access point, Node B,
Evolved Node B (eNodeB) or some other terminology.
[0015] Moreover, various aspects or features de-
scribed herein can be implemented as a method, appa-
ratus, or article of manufacture using standard program-
ming and/or engineering techniques. The term "article of
manufacture" as used herein is intended to encompass
a computer program accessible from any computer-read-
able device, carrier, or media. For example, computer-
readable media can include but are not limited to mag-
netic storage devices (e.g., hard disk, floppy disk, mag-
netic strips, etc.), optical disks (e.g., compact disk (CD),
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digital versatile disk (DVD), etc.), smart cards, and flash
memory devices (e.g., EPROM, card, stick, key drive,
etc.). Additionally, various storage media described here-
in can represent one or more devices and/or other ma-
chine-readable media for storing information. The term
"machine-readable medium" can include, without being
limited to, wireless channels and various other media ca-
pable of storing, containing, and/or carrying instruction
(s) and/or data.
[0016] Referring now to Fig. 1, a wireless communica-
tion system 100 is illustrated in accordance with various
embodiments presented herein. System 100 comprises
a base station 102 that can include multiple antenna
groups. For example, one antenna group can include an-
tennas 104 and 106, another group can comprise anten-
nas 108 and 110, and an additional group can include
antennas 112 and 114. Two antennas are illustrated for
each antenna group; however, more or fewer antennas
can be utilized for each group. Base station 102 can ad-
ditionally include a transmitter chain and a receiver chain,
each of which can in turn comprise a plurality of compo-
nents associated with signal transmission and reception
(e.g., processors, modulators, multiplexers, demodula-
tors, demultiplexers, antennas, etc.), as will be appreci-
ated by one skilled in the art.
[0017] Base station 102 can communicate with one or
more access terminals such as access terminal 116 and
access terminal 122; however, it is to be appreciated that
base station 102 can communicate with substantially any
number of access terminals similar to access terminals
116 and 122. Access terminals 116 and 122 can be, for
example, cellular phones, smart phones, laptops, hand-
held communication devices, handheld computing de-
vices, satellite radios, global positioning systems, PDAs,
and/or any other suitable device for communicating over
wireless communication system 100. As depicted, ac-
cess terminal 116 is in communication with antennas 112
and 114, where antennas 112 and 114 transmit informa-
tion to access terminal 116 over a forward link 118 and
receive information from access terminal 116 over a re-
verse link 120. Moreover, access terminal 122 is in com-
munication with antennas 104 and 106, where antennas
104 and 106 transmit information to access terminal 122
over a forward link 124 and receive information from ac-
cess terminal 122 over a reverse link 126. In a frequency
division duplex (FDD) system, forward link 118 can utilize
a different frequency band than that used by reverse link
120, and forward link 124 can employ a different frequen-
cy band than that employed by reverse link 126, for ex-
ample. Further, in a time division duplex (TDD) system,
forward link 118 and reverse link 120 can utilize a com-
mon frequency band and forward link 124 and reverse
link 126 can utilize a common frequency band.
[0018] Each group of antennas and/or the area in
which they are designated to communicate can be re-
ferred to as a sector of base station 102. For example,
antenna groups can be designed to communicate to ac-
cess terminals in a sector of the areas covered by base

station 102. In communication over forward links 118 and
124, the transmitting antennas of base station 102 can
utilize beamforming to improve signal-to-noise ratio of
forward links 118 and 124 for access terminals 116 and
122. Also, while base station 102 utilizes beamforming
to transmit to access terminals 116 and 122 scattered
randomly through an associated coverage, access ter-
minals in neighboring cells can be subject to less inter-
ference as compared to a base station transmitting
through a single antenna to all its access terminals.
[0019] The claimed subject matter in accordance with
an aspect provides architectures and methodologies for
conveying circuit switched voice over packet switched
air interfaces such as high speed packet access/en-
hanced uplink technologies.
[0020] Turning now to Fig. 2 which provides depiction
of an illustrative network architecture 200 that in accord-
ance with an aspect facilitates and/or actuates carrying
circuit switched packets (e.g., circuit switched voice
packets) over a packet switched air interface. As illus-
trated system 200 can include access terminal 202 that
can be in continuous and/or operative or sporadic and/or
intermittent communication with base station 204 and/or
with the greater cellular system or core network 208 (e.g.,
3rd Generation (3G) cellular systems) through facilities
and functionalities provided by radio network controller
206. Access terminal 202, as exemplified above in con-
text with access terminals 116 and 122, can be imple-
mented entirely in hardware and/or a combination of
hardware and/or software in execution. Further, access
terminal 202 can be incorporated within and/or be asso-
ciated with other compatible components. Additionally,
access terminal 202 can be, but is not limited to, any type
of machine that includes a processor and/or is capable
of effective communication with core network 208. Illus-
trative machines that can comprise access terminal 202
can include desktop computers, cellular phones, smart
phones, laptop computers, notebook computers, Tablet
PCs, consumer and/or industrial devices and/or appli-
ances, hand-held devices, personal digital assistants,
multimedia Internet mobile phones, multimedia players,
and the like.
[0021] Further as depicted, network architecture 200
can also include base station 204 that can provide im-
proved interoperability between the cellular core network
and local area IEEE 802 based networking (wired and/or
wireless) environments typical in home and/or business
environments, for instance. Moreover, base station 204
can provide for cellular system and/or network coverage
extension to home or small 1 enterprise networks, for
example, and affords peak cellular throughput rates for
individual users of a cellular network environment.
[0022] Additionally as exemplified in Fig. 2, network
architecture 200 can further include radio network con-
troller 206 that can be responsible for control of a set of
one or more base stations (e.g., base station 204) which
can be connected to, or grouped by, radio network con-
troller 206. Radio network controller 206 typically carries
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out radio resource management (e.g., strategies and al-
gorithms for controlling parameters such as transmit
power, channel allocation, handover criteria, modulation
scheme, error coding scheme, etc.), and some of the
mobility management functions (e.g., keeping track of
where access terminals/user equipment 202 is so that
calls, text messaging through the short messaging serv-
ice (SMS), and other disparate mobile services can be
delivered to them). Moreover, radio network controller
206 is typically the point where encryption can be done
before user data is sent to and from the access terminal/
user equipment 202. Radio network controller 206 gen-
erally connects circuit switched core networks (e.g., core
network 208) through media gateway servers (MGW)
and/or mobile switching centers (MSC) to serving GPRS
support nodes (SGSNs) (not shown) that can be respon-
sible for delivery of packets from and to the access ter-
minals/user equipment 202 situated within a particular
geographical service area.
[0023] Additionally, network architecture 200, as allud-
ed to above, can include core network 208 that can be a
circuit switched network. Circuit switched networks typ-
ically are ones that establish fixed bandwidth circuits or
channels between nodes and/or terminals (e.g., between
access terminal/user equipment 202 and access termi-
nal/user equipment 214) before users can communicate.
Circuit switching provides the perception (e.g., by pro-
viding a constant or consistent bit delay) that the nodes
and/or terminals are physically connected with one an-
other via an electrical circuit. This is in contrast to packet
switching, where factors such as packet queuing can
cause varying delays leading to jitter, especially in the
context of voice transmissions.
[0024] Furthermore as illustrated, network architecture
200 can additionally include radio network controller 210,
base station 212, and access terminal/user equipment
214. Because much of the configuration and operation
of the aforementioned components is substantially sim-
ilar to those described with respect to access terminal/
user equipment 202, base station 204, and radio network
controller 206 explicated above, a detailed description of
such features and functionalities has been omitted to
avoid needless prolixity and for the sake of brevity and
conciseness.
[0025] Fig. 3 provides further and more detailed de-
piction of radio network controller 206 in accordance with
various aspects of the claimed matter. As illustrated radio
network controller 206 (and similarly radio network con-
troller 210) can include de-jitter buffer 302 that can be
employed when radio network controller 206 is being uti-
lized in an uplink phase of communication (e.g., items
120 and 126 depicted in Fig. 1) with core network 208.
In accordance with an aspect of the claimed matter, de-
jitter buffer 302 can be employed to de-jitter packets (e.g.,
packet switched packets emanating from access termi-
nal/user equipment 202 via base station 204) without
necessarily decoding the oncoming packets. In a further
aspect, de-jitter buffer 302 can delay forwarding the in-

coming packets onto core network 208 by a certain
amount of time wherein the delay period can be depend-
ent upon the maximum jitter generated attributable to uti-
lization of fast data transmission protocols, such as hy-
brid automatic repeat request, (HARQ).
[0026] In accordance with further aspects of the
claimed subject matter, de-jitter buffer 302 can utilize a
fixed delay in order to accommodate jitter arising from
utilizing hybrid automatic repeat request (HARQ) trans-
missions before forwarding packets onto core network
208. To provide illustration of how de-jitter buffer 302 can
provide a fixed delay prior to conveying packets into core
network 208, consider the following illustration. If it is as-
sumed that the enhanced uplink transmit time interval is
ten milliseconds (e.g., EUL TTI = 10ms), the maximum
hybrid automatic repeat request (HARQ) transmission is
set to two (e.g., HARQ transmissions = 2), and spacing
between transmissions is 40ms, then the maximum
transmission delay of a packet can be 50ms (e.g., 10ms
+ 40ms). Thus, if the first packet in a call initiated by
access terminal/user equipment 202, decodes in the first
HARQ attempt, then it sees a transmission delay of 10ms,
and de-jitter buffer 302 can delay forwarding the initial
packet to core network 208 (e.g., to the mobile switching
center/media gateway server (MSC/MGW)) by 40ms
(e.g., Maximum Transmission delay - Transmission De-
lay of 1st packet (50ms - 10ms)). Thereafter, subsequent
packets from access terminal/user equipment 202 can,
for example, be disseminated at intervals of 20ms (or
multiples of 20ms, for discontinuous transmission
(DTXed) frames) from the first packet.
[0027] If on the other hand the initial packet received
from access terminal/user equipment 202 decodes in the
second HARQ attempt, then this packet can see a delay
of by 50ms and should be delayed by 0ms (e.g., Maxi-
mum Transmission delay-Transmission Delay of 1st

packet (50ms - 50ms)) - it should be forwarded immedi-
ately to core network 208. Thereafter, subsequent pack-
ets from access terminal/user equipment 202 can be for-
warded on to core network 208 at intervals of 20ms (or,
once again, multiples of 20ms for discontinuous trans-
mission (DTXed) frames) from reception of the initial
packet from access terminal/user equipment 202, for ex-
ample.
[0028] Fig. 4 provides further illustration 400 of de-jitter
buffer 302 in accordance with an aspect of the claimed
subject matter. As illustrated, de-jitter buffer 302 can in-
clude fixed delay component 402 that ascertains the
amount of delay that should be utilized before forwarding
packets (e.g., voice packets) from access terminal/user
equipment 202 via base station 204 to core network 208.
Fixed delay component 402, based at least in part on
previous knowledge or dynamic ascertainment regarding
the maximum number of HARQ attempts and spacing
separating the number of attempts, can establish a fixed
delay period which can be utilized to forward received
packets into core network 208. For instance, if there are
a maximum ofN HARQ attempts with a spacing of S mil-
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liseconds between each attempt, and where the first
packet in a call emanating on the uplink from access ter-
minal/user equipment 202 decodes in N1 HARQ at-
tempts, the fixed delay component 402 can delay the
initial packet by ((N - N1) * S) milliseconds. To provide a
more concrete example, consider the situation where
fixed delay component 402 operates on the understand-
ing that the transmit time interval (TTI) is 2ms with 4 max-
imum HARQ attempts with a spacing between attempts
of 16ms, if the first packet from access terminal/user
equipment 202 is received and decoded at fixed delay
component 402 in the second HARQ attempt, fixed delay
component 402 can effectuate a delay of 32ms (e.g., (4
- 2) * 16 = 32ms). Subsequent packets thereafter can be
sent out at intervals of (or in the case of discontinuous
transmission (DTXed) frames, multiples of) 20ms, for ex-
ample, from the first packet.
[0029] In order to handle discontinuous transmission
(DTXed) frames a de-jitter buffer (e.g., de-jitter buffer
302) typically can use timestamp information carried or
associated with the received packets. Accordingly, pack-
ets received after the first packet, for example, can be
forwarded by de-jitter buffer 302 at time T1 + ((TSn - TS1)
* 20) milliseconds, where T, is the time of forwarding the
first packet, TS1 is the timestamp associated with the first
packet, and TSn is the timestamp of the nth packet (as-
suming without limitation, for example, that the times-
tamp is scaled down to units of packets).
[0030] Fig. 5 provides depiction 500 of further aspects
associated with de-jitter buffer 302. De-jitter buffer 302,
in addition to fixed delay component 402 the functionality
of which has been expounded upon in relation to Fig. 4
above, can include queuing delay component 502 and
adaptive delay component 504. In some instances, the
worst delay experienced by a packet on the uplink from
access terminal/user equipment 202 can be attributable
to queuing delay in addition to transmission delay due to
HARQ. Queuing delay, without limitation, can be expe-
rienced because of one or more of the following reasons:
(1) if access terminal/user equipment 202 is, or becomes,
power limited, then some packets can be fragmented (or
split) to allow transmission of smaller packets which can
require less transmission power to be expended by ac-
cess terminal/user equipment 202 - as will be appreciated
by those cognizant in this field of endeavor, such frag-
mentation can nonetheless have an adverse knock on
effect where subsequent packets become queued await-
ing transmission; (2) when access terminal/user equip-
ment 202 comes out of discontinuous transmission
(DTX), the first packet can be subjected to queuing delay;
(3) other traffic sources, such as signaling, can have high-
er priority than the packet to be transmitted.
[0031] In connection with packets being fragmented to
allow for transmission of smaller packets by access ter-
minal/user equipment 202, it should be noted without lim-
itation, that when access terminal/user equipment 202
ascertains that it is power limited and needs to fraction-
ate, subdivide, and/or partition packets, it can fractionize

packets into multiple smaller sub-packets. For instance,
access terminal/user equipment 202 can decide, be-
cause a power limitation has been detected, that it can
only permissibly send half packets. Accordingly, access
terminal/user equipment 202 can partition each packet
into two parts and send to radio network controller 206
the first part at one instance in time and the second part
at a second instance in time. It should noted, and as will
be appreciated by those moderately conversant in this
area of expertise, that packets that have been fragment-
ed or sub-divided are only deemed complete when all
the constituent components have been received and re-
constructed by the radio network controller 206. Until
such time that all the sub-packets have been successfully
received, radio network controller 206 is unable to for-
ward the "complete packet" into core network 208.
[0032] Further, with regard to packets being queued
behind higher priority traffic sources this can be an ex-
tremely atypical situation as generally nothing has priority
over the dissemination of voice packets. Nevertheless,
where packets are delayed due to higher priority traffic,
such as Session Initiation Protocol (SIP) (e.g., a protocol
typically employed for setting up and tearing down mul-
timedia communication sessions), there can be delays
due to these other factors. For example, access terminal/
user equipment 202 can send Session Initiation Protocol
(SIP) packets before voice packets in which case the
voice packets can back up and be queued.
[0033] Accordingly, queuing delay component 502 can
either mitigate queuing delays by identifying delays at-
tributable to queuing issues and automatically and/or dy-
namically providing adjustments to account for such de-
lay, or can ignore such delays which can lead to some
minor degradation in the quality of voice being propagat-
ed.
[0034] For some network operators (e.g., operators of
core network 208) degradation in the quality of voice
transmissions is not an issue but for other operators it
can be a matter of paramount importance. Thus, de-jitter
buffer 302 can also include adaptive delay component
504 that actuates adaptive de-jittering wherein the de-
jitter buffer is automatically or dynamically adapted to
maintain a certain underflow rate defined as the rate of
arrival of packets later than the time at which they should
or would have been forwarded into core network 208, or
more particularly, conveyed to the mobile switching cent-
er/media gateway server (MSC/MGW). Adaptive delay
component 504 can automatically or dynamically adapt
the de-jitter buffer during "silence intervals" (e.g., when
a voice encoder (vocoder) is generating Silence Insertion
Description (SID)/Discontinuous transmission (DTX)
frames - frames used to convey acoustic background in-
formation during discontinuous transmission (DTX) and
inserted during periods of non active speech). The dif-
ference between the transmission delay of the first packet
and the maximum transmission delay (as employed by
fixed delay component 402, above) can be used by adap-
tive delay component 504 as an initial setting for the de-
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lay.
[0035] To provide further elucidation of the functional-
ity of adaptive delay component 504, consider the follow-
ing example. If the first packet is received from access
terminal/user equipment at 10ms and de-jitter buffer 302
waits for 40ms the first packet can be sent into core net-
work 208 at 50ms on the expectation that a second pack-
et should arrive at or before 70ms. However, if for reasons
stated above in connection with queuing delay compo-
nent 502, the second packet is not forthcoming by 70ms
(e.g., the second packet arrives at some point after the
70ms deadline) de-jitter buffer 302 can send indication
to core network 208 that the second packet is has not
been received. Core network 208 on receiving such an
indication from de-jitter buffer 302 can interpret this as
emblematic of a lost packet. To militate against this oc-
currence adaptive delay component 504 can keep track
of all packets that transition through de-jitter buffer 302
and that are late. Adaptive delay component 504 can
then determine the percentage or probability of packets
arriving late and based at least in part in the percentage
or probability of packets arriving late can perform some
adaptation to the de-jitter buffer. For instance, adaptive
delay component 504 can implement a policy wherein
no more than 0.1 % of packets can arrive later than the
maximum time and based on this policy adaptive delay
component 504 can cause de-jitter component 302 to
ameliorate the jitter.
[0036] Fig. 6 provides yet further illustration 600 of ad-
ditional aspects associated with de-jitter buffer 302. De-
jitter buffer 302, as an adjunct to fixed delay component
402, queuing delay component 502, and adaptive delay
component 504, the attributes, versatility, and function-
ality of which have been explicated in connection with
Fig. 4 and Fig. 5 above, can include sequence number
component 602 and time stamp component 604. As will
be appreciated by those reasonably cognizant in this field
of endeavor, circuit switched packets (e.g., voice pack-
ets) can in some instances be carried in a synchronous-
like manner over high speed packet access protocols
(HSPA), and in other instances, circuit switched packets
can be carried at regular intervals over high speed packet
access (HSPA) modalities, such that it can be possible
to uniquely determine the frame number from the time of
arrival of the frame. Where circuit switched packets are
carried at regular intervals over high speed packet ac-
cess (HSPA) modalities/protocols signaling an adaptive
multi rate (AMR) frame type can be employed. Under this
conception a new packet data convergence protocol (PD-
CP) protocol data unit (PDU) types can be defined that
can carry the adaptive multi rate (AMR) frame type, using
unused packet identifier (PID) values for existing packet
data convergence protocol (PDCP) protocol data unit
(PDU) types, or implicitly through the packet size of the
received frame. Under the foregoing scenario and exam-
ple (e.g., in relation to conveying circuit switched packets
at regular intervals over high speed packet access
(HSPA) protocols), utilization of de-jitter buffer 302 may

not be necessary.
[0037] Returning now to the main thrust of the discus-
sion, there nevertheless can be instances where circuit
switched packets are carried with jitter with some real
time protocol (RTP) functionality provided by carrying se-
quence numbers, and where discontinuous transmission
(DTX) frames are transmitted over-the-air. In this in-
stance, circuit switched packets can be carried with jitter
over HSPA, and discontinuous transmission (DTXed)
frames can be indicated by sending "No Data" adaptive
multi-rate (AMR) frames. In accordance with an aspect
therefore, there can be a need to signal or indicate the
adaptive multi-rate (AMR) frame type. This indication can
be provided by defining a new packet data convergence
protocol (PDCP) protocol data unit (PDU) type that can,
for example, carry the adaptive multi-rate (AMR) frame
type. Where this is the case, de-jitter buffer 302 associ-
ated with radio network controller (RNC) 206 uplink can
be utilized. Additionally, a de-jitter buffer, similar to that
detailed and dissertated upon herein in relation to de-
jitter buffer 302, can be affiliated with and utilized by ac-
cess terminals/user equipment (e.g., access terminals/
user equipment 116, 122, 202 and 214). To allow oper-
ation of the de-jitter buffer under this mode of operation
de-jitter buffer 302 needs, for example, to be apprised of
the sequence number of speech frames. The functional-
ity of providing indication to de-jitter buffer 302 of the
sequence number of the frames can be effectuated by
sequence number component 602. Sequence number
component 602 therefore can actuate provision of se-
quence numbers associated with frames by conveying
to de-jitter buffer 302 the radio link control (RLC) layer
sequence number, or dispatching to de-jitter buffer 302
a new sequence number introduced into the packet data
convergence protocol (PDCP) protocol data unit (PDU).
It should be noted that under this aspect of the claimed
matter discontinuous transmission (DTXed) frames can
be transmitted, potentially as adaptive multi-rate (AMR)
"No Data" frames (e.g., frame type = 15), and that voice
capacity can, but is not necessarily limited to, be less
than the maximum possible.
[0038] Further there can be instances where circuit
switched packets can be carried with jitter with some real
time protocol (RTP) functionality provided by carrying se-
quence numbers, and where discontinuous transmission
(DTX) frames are not transmitted over-the-air. In this
eventuality, circuit switched packets (e.g., voice packets)
can be carried with jitter over HSPA and discontinuous
transmission (DTXed) frames are not sent over the air.
In accordance with an aspect of the claimed matter there-
fore, there can be a requirement that indication of the
adaptive multi-rate (AMR) frame type be provided. Such
indication can be provided by defining a new packet data
convergence protocol (PDCP) protocol data unit (PDU)
type that can carry the adaptive multi-rate (AMR) frame
type. Further, due to the fact that discontinuous trans-
mission (DTXed) frames are not sent over the air, max-
imum voice capacity can be achieved. In order to effec-
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tuate this aspect of the claimed matter, de-jitter buffer
302 associated with the uplink radio network controller
206 can be deployed. Moreover, a de-jitter buffer similar
to that utilized by radio network controller 206 can be
employed by access terminal/user equipment 202. To
allow operation of de-jitter buffer 302 under this mode of
operation de-jitter buffer 302 requires indication of the
sequence number of the speech frame. This functionality
can be provided to de-jitter buffer 302 by sequence
number component 602 by dispatching the sequence
number associated with the radio link control layer (RLC),
or additionally and/or alternatively, by conveying a new
sequence number added to the packet data convergence
protocol (PDCP) protocol data unit (PDU). Moreover,
since discontinuous transmission (DTXed) frames are
not sent over-the-air, de-jitter buffer 302 can require time
stamp information in some instances to differentiate be-
tween erased and discontinuous transmission (DTXed)
frames. Such time stamp information can be provided by
time stamp component 604. It should be noted that where
time stamp information is not utilized or incorporated in
a time stamp field associated with the packet data con-
vergence protocol (PDCP) protocol data unit (PDU),
voice quality can be slightly lower in some cases than
the best possible.
[0039] Moreover, there can be instances where circuit
switched packets can be carried with jitter with real time
protocol (RTP) functionality provided by carrying both se-
quence numbers and time stamp information, and where
discontinuous transmission (DTX) frames are not trans-
mitted over-the-air. Under this conception of the claimed
matter, circuit switched packets (e.g., circuit switched
voice packets) can be conveyed with jitter over HSPA
and discontinuous transmission (DTXed) frames are not
set over the air. The distinguishing feature of this aspect,
as opposed to aspects disclosed above, lies in the fact
that time stamp data is additionally conveyed in the real
time protocol (RTP) header in addition to packet se-
quence numbers. In accordance with this aspect of the
claimed subject matter, there can be a necessity that
notification of the adaptive multi-rate (AMR) frame type
be provided. Typically, such information can be supplied
by defining a new packet data convergence protocol (PD-
CP) protocol data unit (PDU) type that can convey the
adaptive multi-rate (AMR) frame type. Due to the fact that
discontinuous transmission (DTXed) frames are not gen-
erally transmitted over the air under this conception of
the claimed matter, maximum voice capacity can be
achieved. In order to effectuate this aspect of the claimed
matter, de-jitter buffer 302 associated with the uplink ra-
dio network controller 206 needs to be apprised of packet
sequence numbers. Such packet sequence number can
be obtained from the radio link control (RLC) layer se-
quence numbers, or additionally and/or alternatively,
new sequence numbers can be generated by sequence
number component 602 and thereafter added to the
packet data convergence protocol (PDCP) protocol data
unit (PDU). Moreover, since discontinuous transmission

(DTXed) frames are not generally sent over the air, de-
jitter buffer 302 can utilized time stamp information gen-
erated by time stamp component 604 and included in the
packet data convergence protocol (PDCP) protocol data
unit (PDU) to differentiate between erased and discon-
tinuous transmission (DTXed) frames.
[0040] As will be appreciated and apparent to those
reasonably skill in the art variant aspects of the foregoing
described aspects can be implemented without departing
from the intent and scope of the claimed subject matter.
For example, in aspects discussed above wherein se-
quence numbers are transmitted, such transmission
need not be over the air, rather base station 204 (or a
Node B) can communicate this information to radio net-
work controller 206 whenever it detects an erased frame.
Such a policy can avoid the need to transmit the se-
quence number over the air, for example.
[0041] Additionally, as will be appreciated by those of
ordinary skill in the art real time protocol (RTP) headers
typically provide two bytes for sequence numbers and
four bytes for time stamp information. Nevertheless, the
sizes of the sequence number and the time stamp fields
conveyed in any of the aspects expounded upon above
can be smaller (e.g., need not be as large) or larger. For
example, in accordance with an aspect of the claimed
subject matter, if sequence number and time stamp in-
formation are added, one byte utilized for the sequence
number and one byte employed for the time stamp can
be sufficient to effectuate the explicated aspects and var-
iations thereof.
[0042] Furthermore, as will also be appreciated by in-
dividuals conversant in this area of expertise, over a cir-
cuit switched air-interface, adaptive multi-rate (AMR) bits
can be classified as Class A, B, or C bits, and these bits
can be provided to unequal error protection (UEP).
Where this is the case, for carrying circuit switched voice
packets over high speed packet access links, there gen-
erally is not a necessity to classify adaptive multi-rate
(AMR) bits into different classes.
[0043] Moreover, it should be noted that in the aspects
disclosed and explicated above and any variants thereof,
sequence numbers and/or time stamp information can
be carried end-to-end instead of per link.
[0044] Referring to Fig. 7, a methodology relating to
transmitting circuit switched voice over packet switched
networks is illustrated. While, for purposes of simplicity
of explanation, the methodologies are shown and de-
scribed as a series of acts, those skilled in the art will
understand and appreciate that a methodology could al-
ternatively be represented as a series of interrelated
states or events, such as in a state diagram.
[0045] With reference to Fig. 7, illustrated is a meth-
odology 700 that facilitates transmitting circuit switched
voice over packet switched networks in accordance with
an aspect of the claimed subject matter. Methodology
700 can commence at 702 where a first packet (voice
packet) can be received from an access terminal. At 704
a determination can be made as to within which HARQ
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attempt the received packet was decoded. At 706 the
first packet can be delayed for an ascertainable period
of time wherein the period of time is determined using
the rubric ((N - N 1) * S) where N denotes the maximum
number of HARQ attempts that by previous consensus
has been agreed upon for utilization, S connotes a spac-
ing of time between the N HARQ attempts, and N1 indi-
cates within which HARQ attempt the packet was decod-
ed. For instance, where there is a 2ms transmit time in-
terval (TTI) with a maximum of 4 HARQ attempts and a
spacing of 16ms, and where the first packet decodes in
the second HARQ attempt, then a delay of 32ms ((4 - 2)
* 16) can be instituted or imposed on the forwarding of
the first packet. All subsequent packets received there-
after from access terminal/user equipment can be for-
warded or conveyed to the core network at preestab-
lished or dynamically determined periodic intervals there-
after (e.g., every 20ms, or multiples thereof).
[0046] As used herein, the term to "infer" or "inference"
refers generally to the process of reasoning about or in-
ferring states of the system, environment, and/or user
from a set of observations as captured via events and/or
data. Inference can be employed to identify a specific
context or action, or can generate a probability distribu-
tion over states, for example. The inference can be prob-
abilistic-that is, the computation of a probability distribu-
tion over states of interest based on a consideration of
data and events. Inference can also refer to techniques
employed for composing higher-level events from a set
of events and/or data. Such inference results in the con-
struction of new events or actions from a set of observed
events and/or stored event data, whether or not the
events are correlated in close temporal proximity, and
whether the events and data come from one or several
event and data sources.
[0047] Fig. 8 is an illustration 800 of an access terminal
202 that facilitates transmitting circuit switched voice over
packet switched networks. Access terminal 202 compris-
es a receiver 802 that receives a signal from, for instance,
a receive antenna (not shown), and performs typical ac-
tions thereon (e.g., filters, amplifies, downconverts, etc.)
the received signal and digitizes the conditioned signal
to obtain samples. Receiver 802 can be, for example, an
MMSE receiver, and can comprise a demodulator 804
that can demodulate received symbols and provide them
to a processor 806 for channel estimation. Processor 806
can be a processor dedicated to analyzing information
received by receiver 802 and/or generating information
for transmission by a transmitter 814, a processor that
controls one or more components of access terminal 202,
and/or a processor that both analyzes information re-
ceived by receiver 802, generates information for trans-
mission by transmitter 814, and controls one or more
components of access terminal 202.
[0048] Access terminal 202 can additionally comprise
memory 808 that is operatively coupled to processor 806
and that can store data to be transmitted, received data,
and any other suitable information related to performing

the various actions and functions set forth herein. For
instance, memory 808 can store group-specific signaling
constraints employed by one or more base stations.
Memory 808 can additionally store protocols and/or al-
gorithms associated with identifying signaling constraints
used for communicating resource block assignments
and/or employing such signaling constraints to analyze
received assignment messages.
[0049] It will be appreciated that the data store (e.g.,
memory 808) described herein can be either volatile
memory or nonvolatile memory, or can include both vol-
atile and nonvolatile memory. By way of illustration, and
not limitation, nonvolatile memory can include read only
memory (ROM), programmable ROM (PROM), electri-
cally programmable ROM (EPROM), electrically erasa-
ble PROM (EEPROM), or flash memory. Volatile memory
can include random access memory (RAM), which acts
as external cache memory. By way of illustration and not
limitation, RAM is available in many forms such as syn-
chronous RAM (SRAM), dynamic RAM (DRAM), syn-
chronous DRAM (SDRAM), double data rate SDRAM
(DDR SDRAM), enhanced SDRAM (ESDRAM), Synch-
link DRAM (SLDRAM), and direct Rambus RAM (DR-
RAM). The memory 808 of the subject systems and meth-
ods is intended to comprise, without being limited to,
these and any other suitable types of memory.
[0050] Receiver 802 is further operatively coupled to
a de-jitter buffer 810 which can be substantially similar
to de-jitter buffer 302 of Fig. 3. De-jitter buffer 810 can
be employed to facilitate transmission of circuit switched
voice over packet switched networks. Access terminal
202 still further comprises a modulator 812 and a trans-
mitter 814 that transmits the signal to, for instance, a
base station, another access terminal, etc. Although de-
picted as being separate from the processor 806, it is to
be appreciated that de-jitter buffer 810 and/or modulator
812 can be part of processor 806 or a number of proc-
essors (not shown).
[0051] Fig. 9 is an illustration of a system 900 that fa-
cilitates transmitting circuit switched voice over packet
switched networks. System 900 comprises a radio net-
work controller 206 (e.g., access point, ...) with a receiver
908 that receives signal(s) from one or more access ter-
minals 902 through a plurality of receive antennas 904,
and a transmitter 920 that transmits to the one or more
access terminals 902 through a transmit antenna 906.
Receiver 908 can receive information from receive an-
tennas 904 and is operatively associated with a demod-
ulator 910 that demodulates received information. De-
modulated symbols are analyzed by a processor 912 that
can be similar to the processor described above with re-
gard to Fig. 8, and which is coupled to a memory 914
that stores data to be transmitted to or received from
access terminal(s) 902 (or a disparate base station (not
shown)) and/or any other suitable information related to
performing the various actions and functions set forth
herein. Processor 912 is further coupled to a de-jitter buff-
er 916 that facilitate transmission of circuit switched voice
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over packet switched networks. Further, de-jitter buffer
916 can provide information to be transmitted to a mod-
ulator 918. Modulator 918 can multiplex a frame for trans-
mission by a transmitter 920 through antennas 906 to
access terminal(s) 902. Although depicted as being sep-
arate from the processor 912, it is to be appreciated that
de-jitter buffer 916 and/or modulator 918 can be part of
processor 912 or a number of processors (not shown).
[0052] Fig. 10 shows an example wireless communi-
cation system 1000. The wireless communication system
1000 depicts one base station 1010 and one access ter-
minal 1050 for sake of brevity. However, it is to be ap-
preciated that system 1000 can include more than one
base station and/or more than one access terminal,
wherein additional base stations and/or access terminals
can be substantially similar or different from example
base station 1010 and access terminal 1050 described
below. In addition, it is to be appreciated that base station
1010 and/or access terminal 1050 can employ the sys-
tems (Figs. 1-6) and/or method (Fig. 7) described herein
to facilitate wireless communication there between.
[0053] At base station 1010, traffic data for a number
of data streams is provided from a data source 1012 to
a transmit (TX) data processor 1014. According to an
example, each data stream can be transmitted over a
respective antenna. TX data processor 1014 formats,
codes, and interleaves the traffic data stream based on
a particular coding scheme selected for that data stream
to provide coded data.
[0054] The coded data for each data stream can be
multiplexed with pilot data using orthogonal frequency
division multiplexing (OFDM) techniques. Additionally or
alternatively, the pilot symbols can be frequency division
multiplexed (FDM), time division multiplexed (TDM), or
code division multiplexed (CDM). The pilot data is typi-
cally a known data pattern that is processed in a known
manner and can be used at access terminal 1050 to es-
timate channel response. The multiplexed pilot and cod-
ed data for each data stream can be modulated (e.g.,
symbol mapped) based on a particular modulation
scheme (e.g., binary phase-shift keying (BPSK), quad-
rature phase-shift keying (QPSK), M-phase-shift keying
(M-PSK), M-quadrature amplitude modulation (M-QAM),
etc.) selected for that data stream to provide modulation
symbols. The data rate, coding, and modulation for each
data stream can be determined by instructions performed
or provided by processor 1030.
[0055] The modulation symbols for the data streams
can be provided to a TX MIMO processor 1020, which
can further process the modulation symbols (e.g., for
OFDM). TX MIMO processor 1020 then provides NT
modulation symbol streams to NT transmitters (TMTR)
1022a through 1022t. In various examples, TX MIMO
processor 1020 applies beamforming weights to the sym-
bols of the data streams and to the antenna from which
the symbol is being transmitted.
[0056] Each transmitter 1022 receives and processes
a respective symbol stream to provide one or more an-

alog signals, and further conditions (e.g., amplifies, fil-
ters, and upconverts) the analog signals to provide a
modulated signal suitable for transmission over the MI-
MO channel. Further, NT modulated signals from trans-
mitters 1022a through 1022t are transmitted from NT an-
tennas 1024a through 1024t, respectively.
[0057] At access terminal 1050, the transmitted mod-
ulated signals are received by NR antennas 1052a
through 1052r and the received signal from each antenna
1052 is provided to a respective receiver (RCVR) 1054a
through 1054r. Each receiver 1054 conditions (e.g., fil-
ters, amplifies, and downconverts) a respective signal,
digitizes the conditioned signal to provide samples, and
further processes the samples to provide a correspond-
ing "received" symbol stream.
[0058] An RX data processor 1060 can receive and
process the NR received symbol streams from NR receiv-
ers 1054 based on a particular receiver processing tech-
nique to provide NT "detected" symbol streams. RX data
processor 1060 can demodulate, deinterleave, and de-
code each detected symbol stream to recover the traffic
data for the data stream. The processing by RX data
processor 1060 is complementary to that performed by
TX MIMO processor 1020 and TX data processor 1014
at base station 1010.
[0059] A processor 1070 can periodically determine
which available technology to utilize as discussed above.
Further, processor 1070 can formulate a reverse link
message comprising a matrix index portion and a rank
value portion.
[0060] The reverse link message can comprise various
types of information regarding the communication link
and/or the received data stream. The reverse link mes-
sage can be processed by a TX data processor 1038,
which also receives traffic data for a number of data
streams from a data source 1036, modulated by a mod-
ulator 1080, conditioned by transmitters 1054a through
1054r, and transmitted back to base station 1010.
[0061] At base station 1010, the modulated signals
from access terminal 1050 are received by antennas
1024, conditioned by receivers 1022, demodulated by a
demodulator 1040, and processed by a RX data proces-
sor 1042 to extract the reverse link message transmitted
by access terminal 1050. Further, processor 1030 can
process the extracted message to determine which pre-
coding matrix to use for determining the beamforming
weights.
[0062] Processors 1030 and 1070 can direct (e.g., con-
trol, coordinate, manage, etc.) operation at base station
1010 and access terminal 1050, respectively. Respective
processors 1030 and 1070 can be associated with mem-
ory 1032 and 1072 that store program codes and data.
Processors 1030 and 1070 can also perform computa-
tions to derive frequency and impulse response esti-
mates for the uplink and downlink, respectively.
[0063] In an aspect, logical channels are classified into
Control Channels and Traffic Channels. Logical Control
Channels can include a Broadcast Control Channel
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(BCCH), which is a DL channel for broadcasting system
control information. Further, Logical Control Channels
can include a Paging Control Channel (PCCH), which is
a DL channel that transfers paging information. Moreo-
ver, the Logical Control Channels can comprise a Multi-
cast Control Channel (MCCH), which is a Point-to-
multipoint DL channel used for transmitting Multimedia
Broadcast and Multicast Service (MBMS) scheduling and
control information for one or several MTCHs. Generally,
after establishing a Radio Resource Control (RRC) con-
nection, this channel is only used by UEs that receive
MBMS (e.g., old MCCH+MSCH). Additionally, the Logi-
cal Control Channels can include a Dedicated Control
Channel (DCCH), which is a Point-to-point bi-directional
channel that transmits dedicated control information and
can be used by UEs having a RRC connection. In an
aspect, the Logical Traffic Channels can comprise a Ded-
icated Traffic Channel (DTCH), which is a Point-to-point
bi-directional channel dedicated to one UE for the trans-
fer of user information. Also, the Logical Traffic Channels
can include a Multicast Traffic Channel (MTCH) for Point-
to-multipoint DL channel for transmitting traffic data.
[0064] In an aspect, Transport Channels are classified
into DL and UL. DL Transport Channels comprise a
Broadcast Channel (BCH), a Downlink Shared Data
Channel (DL-SDCH) and a Paging Channel (PCH). The
PCH can support UE power saving (e.g., Discontinuous
Reception (DRX) cycle can be indicated by the network
to the UE, ...) by being broadcasted over an entire cell
and being mapped to Physical layer (PHY) resources
that can be used for other control/traffic channels. The
UL Transport Channels can comprise a Random Access
Channel (RACH), a Request Channel (REQCH), a Uplink
Shared Data Channel (UL-SDCH) and a plurality of PHY
channels.
[0065] The PHY channels can include a set of DL chan-
nels and UL channels. For example, the DL PHY chan-
nels can include: Common Pilot Channel (CPICH); Syn-
chronization Channel (SCH); Common Control Channel
(CCCH); Shared DL Control Channel (SDCCH); Multi-
cast Control Channel (MCCH); Shared UL Assignment
Channel (SUACH); Acknowledgement Channel
(ACKCH); DL Physical Shared Data Channel (DL-PSD-
CH); UL Power Control Channel (UPCCH); Paging Indi-
cator Channel (PICH); and/or Load Indicator Channel
(LICH). By way of further illustration, the UL PHY Chan-
nels can include: Physical Random Access Channel
(PRACH); Channel Quality Indicator Channel (CQICH);
Acknowledgement Channel (ACKCH); Antenna Subset
Indicator Channel (ASICH); Shared Request Channel
(SREQCH); UL Physical Shared Data Channel (UL-
PSDCH); and/or Broadband Pilot Channel (BPICH).
[0066] It is to be understood that the embodiments de-
scribed herein can be implemented in hardware, soft-
ware, firmware, middleware, microcode, or any combi-
nation thereof. For a hardware implementation, the
processing units can be implemented within one or more
application specific integrated circuits (ASICs), digital

signal processors (DSPs), digital signal processing de-
vices (DSPDs), programmable logic devices (PLDs),
field programmable gate arrays (FPGAs), processors,
controllers, micro-controllers, microprocessors, other
electronic units designed to perform the functions de-
scribed herein, or a combination thereof.
[0067] When the embodiments are implemented in
software, firmware, middleware or microcode, program
code or code segments, they can be stored in a machine-
readable medium, such as a storage component. A code
segment can represent a procedure, a function, a sub-
program, a program, a routine, a subroutine, a module,
a software package, a class, or any combination of in-
structions, data structures, or program statements. A
code segment can be coupled to another code segment
or a hardware circuit by passing and/or receiving infor-
mation, data, arguments, parameters, or memory con-
tents. Information, arguments, parameters, data, etc. can
be passed, forwarded, or transmitted using any suitable
means including memory sharing, message passing, to-
ken passing, network transmission, etc. Additionally, in
some aspects, the steps and/or actions of a method or
algorithm can reside as one or any combination or set of
codes and/or instructions on a machine readable medium
and/or computer readable medium, which can be incor-
porated into a computer program product.
[0068] For a software implementation, the techniques
described herein can be implemented with modules (e.g.,
procedures, functions, and so on) that perform the func-
tions described herein. The software codes can be stored
in memory units and executed by processors. The mem-
ory unit can be implemented within the processor or ex-
ternal to the processor, in which case it can be commu-
nicatively coupled to the processor via various means as
is known in the art.
[0069] Turning to Fig. 11, illustrated is a system 1100
that enables utilizing a radio network controller in a wire-
less communication environment. System 1100 can re-
side within a radio network controller, for instance. As
depicted, system 1100 includes functional blocks that
can represent functions implemented by a processor,
software, or combination thereof (e.g., firmware). System
1100 includes a logical grouping 1102 of electrical com-
ponents that can act in conjunction. Logical grouping
1102 can include an electrical component for receiving
a first packet from an access terminal/user equipment
1104. Further, logical grouping 1102 can include an elec-
trical component for ascertaining within which HARQ at-
tempt the first packet was received 1106. Moreover, log-
ical grouping 1102 can include an electrical component
for delaying the first packet before sending it onto the
core network; second and subsequent packets being for-
warded into the core network at established periodic in-
tervals 1108. Additionally, system 1100 can include a
memory 1110 that retains instructions for executing func-
tions associated with electrical components 1104, 1106,
and 1108. While shown as being external to memory
1110, it is to be understood that electrical components
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1104, 1106, and 1108 can exist within memory 1110.
[0070] What has been described above includes ex-
amples of one or more embodiments. It is, of course, not
possible to describe every conceivable combination of
components or methodologies for purposes of describing
the aforementioned embodiments, but one of ordinary
skill in the art may recognize that many further combina-
tions and permutations of various embodiments are pos-
sible. Accordingly, the described embodiments are in-
tended to embrace all such alterations, modifications and
variations that fall within the scope of the appended
claims. Furthermore, to the extent that the term "includes"
is used in either the detailed description or the claims,
such term is intended to be inclusive in a manner similar
to the term "comprising" as "comprising" is interpreted
when employed as a transitional word in a claim.

Claims

1. A method that effectuates transmission of circuit
switched voice over packet switched networks, com-
prising:

receiving a first packet originating from an ac-
cess terminal (116, 122; 202, 214);
determining within which hybrid automatic re-
peat request, HARQ, transmission attempt the
first packet is received;
ascertaining, based on a product of a difference
between a maximum number of HARQ trans-
mission attempts and the HARQ. transmission
attempt within which the first packet is received
and a spacing interval separating the HARQ
transmission attempts, an amount of delay that
is applied to the first packet before the first pack-
et is forwarded into a core circuit switched net-
work (208); and
establishing a periodic time interval, based at
least in part on the amount of delay, within which
to convey subsequent packets originating from
the access terminal (116, 122; 202, 214).

2. The method of claim 1, the ascertaining further com-
prising determining the amount of delay to apply to
the first packet without decoding the first packet.

3. The method of claim 1, the periodic time interval with-
in which subsequent packets originating from the ac-
cess terminal (116, 122; 202, 214) are delayed de-
pendent on a maximum jitter attributable to utilization
of fast data transmission protocols.

4. The method of claim 1, further comprising identifying
discontinuous transmission, DTXed, frames by ex-
tracting timestamp information included in a header
associated with the first packet or the subsequent
packets originating from the access terminal (116,

122; 202, 214).

5. The method of claim 1, further comprising identifying
fragmented packets attributable to the first packet or
the subsequent packets originating from the access
terminal (116, 122; 202, 214) or delaying convey-
ance of the first packet or the subsequent packets
to the core circuit switched network (208) until all
fragmented packets attributable to the first packet or
the subsequent packets have been received or re-
constituted.

6. The method of claim 1, further comprising adaptively
delaying conveyance of the first packet or the sub-
sequent packets to the core circuit switched network
(208) to maintain an underflow rate established as
a rate of arrival of packets later than a time at which
the first packet or the subsequent packets are to be
conveyed to the core circuit switched network (208),
where the adaptively delaying conveyance of the first
packet or the subsequent packets based at least in
part on an initial delay established based at least in
part on a difference between a transmission delay
of the first packet and a product of a difference be-
tween a maximum number of HARQ transmissions
and the HARQ transmission within which the first
packet is received and a spacing interval established
between the maximum number of HARQ transmis-
sions.

7. The method of claim 1, further comprising sending
indication to the core circuit switched network (208)
where subsequent packets are not received within
the periodic time interval within which to convey sub-
sequent packets originating from the access terminal
(116, 122; 202, 214).

8. A wireless communication apparatus that effectu-
ates transmission of circuit switched voice over pack-
et switched networks, comprising:

means for receiving a first packet originating
from an access terminal (116, 122; 202, 214);
means for determining within which hybrid au-
tomatic repeat request, HARQ, transmission at-
tempt the first packet is received;
means for ascertaining, based on a product of
a difference between a maximum number of
HARQ transmission attempts and the HARQ
transmission attempt within which the first pack-
et is received and a spacing interval separating
the HARQ transmission attempts, an amount of
delay that is applied to the first packet before
the first packet is forwarded into a core circuit
switched network (208); and
means for establishing a periodic time interval,
based at least in part on the amount of delay,
within which to convey subsequent packets orig-
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inating from the access terminal (116, 122; 202,
214).

9. The wireless communications apparatus of claim 8,
further comprising means for determining whether
the first packet that is carried at regular intervals uti-
lizes at least one of a high speed uplink packet ac-
cess protocol or a high speed downlink packet ac-
cess protocol.

10. The wireless communications apparatus of claim 8,
wherein a frame number associated with the first
packet is determinable based at least in part on a
time of arrival of a frame associated with the first
packet or the frame number of the first packet is iden-
tified based at least in part on a limitation imposed
on a maximum number of HARQ transmissions.

11. The wireless communications apparatus of claim 8,
wherein the first packet signals an adaptive multi-
rate, AMR, frame type included in a newly defined
packet data convergence protocol, PDCP, protocol
data unit, PDU, that employs at least one of an un-
used packet identifier, PID, for an existing packet
data convergence protocol, PDCP, protocol data
unit, PDU, or a packet size of a received frame.

12. The wireless communications apparatus of claim 8,
further comprising means for determining whether
the first packet is carried with jitter and with real time
protocol, RTP, functionality provided by carrying a
sequence number.

13. The wireless communications apparatus of claim 8,
further comprising ascertaining whether the first
packet is carried with jitter by utilizing one or more
of a high speed uplink access protocol or a high
speed download packet access protocol where dis-
continuous transmission, DTXed, frames are indi-
cated by sending a No Data adaptive multi-rate,
AMR, frame, and an adaptive multi-rate, AMR, frame
type associated with the first packet or the subse-
quent packets is indicated in a newly defined packet
data convergence protocol, PDCP, protocol data
unit, PDU, type.

14. The wireless communications apparatus of claim 8,
further comprising determining whether the first
packet and subsequent packets are conveyed with
jitter utilizing a high speed packet access protocol
wherein discontinuous transmission, DTXed, frames
are not transmitted over-the-air, the first packet and
the subsequent packets are conveyed with real time
protocol, RTP, functionality provided by carrying a
sequence number and a timestamp, the timestamp
is utilized to differentiate between an erased frame
and a discontinuous transmission, DTXed, frame, or
the timestamp is included in a newly defined packet

data convergence protocol, PDCP, protocol data
unit, PDU, type that carries an adaptive multi-rate,
AMR, frame type.

15. A wireless communications apparatus, comprising;

a memory (1110) that retains instructions relat-
ed to executing the methods of any one of claims
1 to 7; and
a processor, coupled to the memory (1110), con-
figured to execute the instructions retained in
the memory (1110).

Patentansprüche

1. Ein Verfahren, das ein Senden von leistungsvermit-
telter Sprache über paketvermittelte Netze bewerk-
stelligt, wobei das Verfahren folgende Schritte auf-
weist:

Empfangen eines ersten Pakets, das von einem
Zugriffsendgerät (116, 122; 202, 214) stammt,
Bestimmen, in welcher HARQ (Hybrid Automa-
tic Repeat Request) ein Sendeversuch des er-
sten Pakets empfangen wird,
Ermitteln, auf der Basis des Produkts aus einer
Differenz zwischen einer maximalen Anzahl von
HARQ-Sendeversuchen und dem HARQ-Sen-
deversuch, in dem das erste Paket empfangen
wird, und aus einem Abstandsintervall, das die
HARQ-Sendeversuche trennt, einer Verzöge-
rungsgröße, die auf das erste Paket angewen-
det wird, bevor das erste Paket an ein leitungs-
vermitteltes Kernnetz (208) weitergeleitet wird,
und
Herstellen, wenigstens teilweise basierend auf
der Verzögerungsgröße, eines periodischen
Zeitintervalls, in dem nachfolgende Pakete, die
von dem Zugriffsendgerät (116, 122; 202, 214)
stammen, zu übertragen sind.

2. Verfahren nach Anspruch 1, wobei das Ermitteln
weiterhin das Bestimmen der auf das erste Paket
anzuwendenden Verzögerungsgröße ohne eine De-
codierung des ersten Pakets umfasst.

3. Verfahren nach Anspruch 1, wobei das periodische
Zeitintervall, in dem nachfolgende Pakete, die von
dem Zugriffsendgerät (116, 122; 202, 214) stam-
men, verzögert werden, von einem maximalen Jitter,
der auf die Nutzung von schnellen Datenübertra-
gungsprotokollen zurückzuführen ist, abhängig ist.

4. Verfahren nach Anspruch 1, das weiterhin das Iden-
tifizieren von diskontinuierlich gesendeten (DTXed)
Rahmen durch das Extrahieren von Zeitstempelin-
formationen, die in einem Header enthalten sind, der
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mit dem ersten Paket oder mit den folgenden Pake-
ten, die von dem Zugriffsendgerät (116, 122; 202,
214) stammen, assoziiert sind, umfasst.

5. Verfahren nach Anspruch 1, das weiterhin das Iden-
tifizieren von fragmentierten Paketen, die auf das
erste Paket oder die folgenden Pakete, die von dem
Zugriffsendgerät (116, 122; 202, 214) stammen, zu-
rückzuführen sind, oder das Verzögern der Übertra-
gung des ersten Pakets oder der folgenden Pakete
an das leitungsvermittelte Kernnetz (208), bis alle
fragmentierten Pakete, die auf das erste Paket oder
auf die folgenden Pakete zurückzuführen sind, emp-
fangen oder wiederhergestellt wurden, umfasst.

6. Verfahren nach Anspruch 1, das weiterhin das ad-
aptive Verzögern der Übertragung des ersten Pa-
kets oder der folgenden Pakete an das leitungsver-
mittelte Kernnetz (208) umfasst, um eine Unterlauf-
rate aufrechtzuerhalten, die als eine Ankunftsrate
von Paketen später als zu dem Zeitpunkt, zu dem
das erste Paket oder die folgenden Pakete an das
leitungsvermittelte Kernnetz (208) zu übertragen
sind, aufgestellt wird, wobei das adaptive Verzögern
der Übertragung des ersten Pakets oder der folgen-
den Pakete wenigstens teilweise auf einer anfängli-
chen Verzögerung basiert, die wenigstens teilweise
auf einer Differenz zwischen einer Übertragungsver-
zögerung des ersten Pakets und einem Produkt aus
einer Differenz zwischen einer maximalen Anzahl
von HARQ-Sendungen und der HARQ-Sendung, in
der das erste Paket empfangen wird, und aus einem
zwischen der maximalen Anzahl von HARQ-Sen-
dungen hergestellten Abstandsintervall basiert.

7. Verfahren nach Anspruch 1, das weiterhin das Sen-
den einer Angabe an das leitungsvermittelte Kern-
netz (208) dazu, dass folgende Pakete nicht in dem
periodischen Zeitintervall, in dem folgende Pakete,
die von dem Zugriffsendgerät (116, 122; 202, 214)
stammen, zu übertragen sind, empfangen werden,
umfasst.

8. Eine Drahtloskommunikationsvorrichtung, die ein
Senden von leistungsvermittelter Sprache über pa-
ketvermittelte Netze bewerkstelligt, wobei die Draht-
loskommunikationsvorrichtung aufweist:

Mittel zum Empfangen eines ersten Pakets, das
von einem Zugriffsendgerät (116, 122; 202, 214)
stammt,
Mittel zum Bestimmen, in welcher HARQ (Hy-
brid Automatic Repeat Request) ein Sendever-
such des ersten Pakets empfangen wird,
Mittel zum Ermitteln, auf der Basis des Produkts
aus einer Differenz zwischen einer maximalen
Anzahl von HARQ-Sendeversuchen und dem
HARQ-Sendeversuch, in dem das erste Paket

empfangen wird, und aus einem Abstandsinter-
vall, das die HARQ-Sendeversuche trennt, einer
Verzögerungsgröße, die auf das erste Paket an-
gewendet wird, bevor das erste Paket an ein
leitungsvermitteltes Kernnetz (208) weitergelei-
tet wird, und
Mittel zum Herstellen, wenigstens teilweise ba-
sierend auf der Verzögerungsgröße, eines pe-
riodischen Zeitintervalls, in dem folgende Pake-
te, die von dem Zugriffsendgerät (116, 122; 202,
214) stammen, zu übertragen sind.

9. Drahtloskommunikationsvorrichtung nach An-
spruch 8, die weiterhin Mittel zum Bestimmen, ob
das erste Paket, das mit regelmäßigen Intervallen
übertragen wird, ein Hochgeschwindigkeits-Auf-
wärtsstrecken-Paketzugriffsprotokoll und/oder ein
Hochgeschwindigkeits-Abwärtsstrecken-Paketzu-
griffsprotokoll verwendet, umfasst.

10. Drahtloskommunikationsvorrichtung nach An-
spruch 8, wobei eine mit dem ersten Paket assozi-
ierte Rahmennummer wenigstens teilweise basie-
rend auf der Ankunftszeit eines mit dem ersten Paket
assoziierten Rahmens bestimmt werden kann oder
die Rahmennummer des ersten Pakets wenigstens
teilweise basierend auf einer Beschränkung hin-
sichtlich einer maximalen Anzahl von HARQ-Sen-
dungen identifiziert wird.

11. Drahtloskommunikationsvorrichtung nach An-
spruch 8, wobei die ersten Paketsignale von einem
adaptiven Mehrfachraten (AMR)-Rahmentyp sind,
der in einer neu definierten Paketdaten-Konvergenz-
protokoll (PDCP)-Protokolldateneinheit (PDU) ent-
halten ist, die eine ungenutzte Paketkennzeichnung
(PID) für eine bestehende Paketdaten-Konvergenz-
protokoll (PDCP)-Protokolldateneinheit (PDU) und/
oder eine Paketgröße eines empfangenen Rahmens
verwendet.

12. Drahtloskommunikationsvorrichtung nach An-
spruch 8, die weiterhin Mittel zum Bestimmen, ob
das erste Paket mit einem Jitter und einer Echtzeit-
protokoll (RTP)-Funktionalität, die durch das Über-
tragen einer Sequenznummer vorgesehen wird,
übertragen wird, umfasst.

13. Drahtloskommunikationsvorrichtung nach An-
spruch 8, die weiterhin das Ermitteln, ob das erste
Paket mit einem Jitter unter Verwendung eines
Hochgeschwindigkeit-Aufwärtsstrecken-Paketzu-
griffsprotokolls und/oder eines Hochgeschwindig-
keit-Abwärtsstrecken-Paketzugriffsprotokolls über-
tragen wird, in dem diskontinuierlich gesendete
(DTXed) Rahmen durch das Senden eines adapti-
ven Mehrfachraten (AMR)-Rahmens ohne Daten
angegeben werden und ein mit dem ersten Paket
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oder den folgenden Paketen assoziierter adaptiver
Mehrfachraten (AMR)-Rahmentyp in einem neu de-
finierten Paketdaten-Konvergenzprotokoll (PD-
CP)-Protokolldateneinheit (PDU)-Typ angegeben
wird, umfasst.

14. Drahtloskommunikationsvorrichtung nach An-
spruch 8, die weiterhin das Bestimmen, ob das erste
Paket und die folgenden Pakete mit einem Jitter un-
ter Verwendung eines Hochgeschwindigkeit-Paket-
zugriffsprotokolls übertragen werden, in dem diskon-
tinuierlich gesendete (DTXed) Rahmen nicht über
den Äther gesendet werden, das erste Paket und die
folgenden Pakete mit einer Echtzeitprotokoll
(RTP)-Funktionalität übertragen werden, die durch
das Übertragen einer Sequenznummer und eines
Zeitstempels vorgesehen wird, der Zeitstempel ver-
wendet wird, um zwischen einem gelöschten Rah-
men und einem diskontinuierlich gesendeten
(DTXed) Rahmen zu unterscheiden, oder der Zeit-
stempel in einem neu definierten Paketdaten-Kon-
vergenzprotokoll (PDCP)-Protokolldateneinheit
(PDU)-Typ enthalten ist, der einen adaptiven Mehr-
fachraten (AMR)-Rahmentyp überträgt, umfasst.

15. Eine Drahtloskommunikationsvorrichtung, die auf-
weist:

einen Speicher (1110), der Befehle für das Aus-
führen der Verfahren nach einem der Ansprüche
1 bis 7 speichert, und
einen Prozessor, der mit dem Speicher (1110)
gekoppelt ist und für das Ausführen der in dem
Speicher (1110) gespeicherten Befehle konfigu-
riert ist.

Revendications

1. Procédé pour effectuer une transmission de voix à
commutation de circuits sur des réseaux à commu-
tation de paquets, consistant à :

recevoir un premier paquet provenant d’un ter-
minal d’accès (116, 122 ; 202, 214) ;
déterminer au cours de quelle tentative de trans-
mission de demande automatique de répétition
hybride, HARQ, le premier paquet est reçu ;
constater, sur la base d’un produit d’une diffé-
rence entre un nombre maximal de tentatives
de transmission HARQ et la tentative de trans-
mission HARQ au cours de laquelle le premier
paquet est reçu et d’un intervalle d’espacement
séparant les tentatives de transmission HARQ,
une quantité de retard qui est appliquée au pre-
mier paquet avant que le premier paquet soit
transféré à un coeur de réseau à commutation
de circuits (208) ; et

établir un intervalle de temps périodique, au
moins en partie sur la base de la quantité de
retard, dans lequel des paquets subséquents
provenant du terminal d’accès (116, 122 ; 202,
214) doivent être transférés.

2. Procédé selon la revendication 1, dans lequel la
constatation consiste en outre à déterminer la quan-
tité de retard à appliquer au premier paquet sans
décoder le premier paquet.

3. Procédé selon la revendication 1, dans lequel l’in-
tervalle de temps périodique dans lequel des pa-
quets provenant du terminal d’accès (116, 122 ; 202,
214) sont retardés dépend d’une gigue maximale
attribuable à l’utilisation de protocoles de transmis-
sion rapide de données.

4. Procédé selon la revendication 1, consistant en outre
à identifier des trames de transmission discontinue,
DTX, par extraction d’informations d’estampille tem-
porelle incluses dans un en-tête associé au premier
paquet ou aux paquets subséquents provenant du
terminal d’accès (116, 122 ; 202, 214).

5. Procédé selon la revendication 1, consistant en outre
à identifier des paquets fragmentés attribuables au
premier paquet ou aux paquets subséquents prove-
nant du terminal d’accès (116, 122 ; 202, 214) ou à
retarder le transfert du premier paquet ou des pa-
quets subséquents au coeur de réseau à commuta-
tion de circuits (208) jusqu’à ce que tous les paquets
fragmentés attribuables au premier paquet ou aux
paquets subséquents aient été reçus ou reconsti-
tués.

6. Procédé selon la revendication 1, consistant en outre
à retarder d’une manière adaptative le transfert du
premier paquet ou des paquets subséquents au
coeur de réseau à commutation de circuits (208) afin
de maintenir un taux de sous-remplissage établi
comme étant un taux d’arrivée de paquets plus tard
qu’un moment auquel le premier paquet ou les pa-
quets subséquents doivent être transférés au coeur
de réseau à commutation de circuits (208), le retard
adaptatif de transfert du premier paquet ou des pa-
quets subséquent étant basé au moins en partie sur
un retard initial établi au moins en partie sur la base
d’une différence entre un retard de transmission du
premier paquet et un produit d’une différence entre
un nombre maximal de transmissions HARQ et la
transmission HARQ au cours de laquelle le premier
paquet est reçu et d’un intervalle d’espacement éta-
bli entre le nombre maximal de transmissions HARQ.

7. Procédé selon la revendication 1, consistant en outre
à envoyer une indication au coeur de réseau à com-
mutation de circuits (208) lorsque des paquets sub-

27 28 



EP 2 186 248 B1

16

5

10

15

20

25

30

35

40

45

50

55

séquents ne sont pas reçu dans l’intervalle de temps
périodique dans lequel des paquets subséquents
provenant du terminal d’accès (116, 122 ; 202, 214)
doivent être transférés.

8. Appareil de communication sans fil pour effectuer
une transmission de voix à commutation de circuits
sur des réseaux à commutation de paquets,
comprenant :

un moyen pour recevoir un premier paquet pro-
venant d’un terminal d’accès (116, 122 ; 202,
214) ;
un moyen pour déterminer au cours de quelle
tentative de transmission de demande automa-
tique de répétition hybride, HARQ, le premier
paquet est reçu ;
un moyen pour constater, sur la base d’un pro-
duit d’une différence entre un nombre maximal
de tentatives de transmission HARQ et la ten-
tative de transmission HARQ au cours de la-
quelle le premier paquet est reçu et d’un inter-
valle d’espacement séparant les tentatives de
transmission HARQ, une quantité de retard qui
est appliquée au premier paquet avant que le
premier paquet soit transféré à un coeur de ré-
seau à commutation de circuits (208) ; et
un moyen pour établir un intervalle de temps
périodique, au moins en partie sur la base de la
quantité de retard, dans lequel des paquets sub-
séquents provenant du terminal d’accès (116,
122 ; 202, 214) doivent être transférés.

9. Appareil de communication sans fil selon la reven-
dication 8, comprenant en outre un moyen pour dé-
terminer si le premier paquet qui est transporté à
intervalles réguliers utilise un protocole d’accès par
paquets en liaison montante à haut débit et/ou un
protocole d’accès par paquets en liaison descendan-
te à haut débit.

10. Appareil de communication sans fil selon la reven-
dication 8, dans lequel un numéro de trame associé
au premier paquet est déterminable au moins en par-
tie sur la base d’un instant d’arrivée d’une trame as-
sociée au premier paquet, ou le numéro de trame
du premier paquet est identifié au moins en partie
sur la base d’une limitation imposée sur un nombre
maximal de transmissions HARQ.

11. Appareil de communication sans fil selon la reven-
dication 8, dans lequel le premier paquet signale une
trame du type à codage adaptatif multidébit, AMR,
incluse dans une unité de données de protocole,
PDU, du protocole de convergence de données par
paquets, PDCP, nouvellement définie qui emploie
un identificateur de paquet, PID, inutilisé pour une
unité de données de protocole, PDU, du protocole

de convergence de données par paquets, PDCP,
existante et/ou une taille de paquet d’une trame re-
çue.

12. Appareil de communication sans fil selon la reven-
dication 8, comprenant en outre un moyen pour dé-
terminer si le premier paquet est transporté avec gi-
gue et avec une fonctionnalité de protocole de trans-
mission en temps réel, RTP, offerte par inclusion
d’un numéro d’ordre.

13. Appareil de communication sans fil selon la reven-
dication 8, comprenant en outre un moyen pour
constater si le premier paquet est transporté avec
gigue par utilisation d’un protocole d’accès en liaison
montante à haut débit et/ou d’un protocole d’accès
par paquets en liaison descendante à haut débit,
dans lequel des trames de transmission discontinue,
DTX, sont indiquées par envoi d’une trame à codage
adaptatif multidébit, AMR, sans données, et une tra-
me du type à codage adaptatif multidébit, AMR, as-
sociée au premier paquet ou aux paquets subsé-
quents est indiquée dans une unité de données de
protocole, PDU, du protocole de convergence de
données par paquets, PDCP, d’un type nouvelle-
ment défini.

14. Appareil de communication sans fil selon la reven-
dication 8, comprenant en outre un moyen pour dé-
terminer si le premier paquet et des paquets subsé-
quents sont transportés avec gigue par utilisation
d’un protocole d’accès par paquets à haut débit,
dans lequel des trames de transmission discontinue,
DTX, ne sont pas transmises en liaison radio, le pre-
mier paquet et les paquets subséquents sont ache-
minés avec une fonctionnalité de protocole de trans-
mission en temps réel, RTP, offerte par inclusion
d’un numéro d’ordre et d’une estampille temporelle,
l’estampille temporelle est utilisée pour faire la diffé-
rence entre une trame effacée et une trame de trans-
mission discontinue, DTX, ou l’estampille temporelle
est incluse dans une unité de données de protocole,
PDU, du protocole de convergence de données par
paquets, PDCP, d’un type nouvellement défini qui
transporte une trame du type à codage adaptatif mul-
tidébit, AMR.

15. Appareil de communication sans fil, comprenant :

une mémoire (1110) qui retient des instructions
relatives à l’exécution des procédés selon l’une
quelconque des revendications 1 à 7 ; et
un processeur, couplé à la mémoire (1110), con-
figuré pour exécuter les instructions retenues
dans la mémoire (1110).
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