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(57) ABSTRACT 

Abroadband satellite communications system comprises for 
ward error correction (FEC) encoder/decoder, interleaver/ 
deinterleaver, puncturing/de-puncturing, Scrambler/de 
scrambler, bit to symbol mapping/de-mapping devices, 
modulator/demodulator, transmit and receive filter, operating 
in a time-division multiple access (TDMA) system where 
information is sent in a burst-by-burst fashion during the 
assigned time slot; Supporting diverse traffic types such as 
voice over internet protocol (VOIP), control messages 
(DACCH) and keep alive burst (KAB) during silence period 
and multiple data rates. 
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METHOD AND SYSTEM OF PROVIDING 
EFFICIENT PACKETIZED VOICE 

COMMUNCATIONS AND DATA BEARERS IN 
MOBILE SATELLITE SYSTEMS 

RELATED APPLICATIONS 

0001. This application is related to and claims the benefit 
ofpriority under 35 U.S.C. S 119(e) to U.S. Provisional Appli 
cation Ser. No. 61/118,155 filed Nov. 26, 2008; the entirety of 
which is incorporated herein by reference. 

BACKGROUND 

0002 Terrestrial communication systems continue to pro 
vide higher and higher speed multimedia (e.g., voice, data, 
Video, images, etc.) services to end-users. Such services (e.g., 
Third Generation (3G) services) can also accommodate dif 
ferentiated quality of Service (QoS) across various applica 
tions. To facilitate this, terrestrial architectures are moving 
towards an end-to-end all-Internet Protocol (IP) architecture 
that unifies all services, including voice, over the IP bearer. In 
parallel, mobile satellite systems are being designed to 
complement and/or co-exist with terrestrial coverage depend 
ing on spectrum sharing rules and operator choice. With the 
advances in processing power of desktop computers, the aver 
age user has grown accustomed to Sophisticated applications 
(e.g., streaming video, radio broadcasts, video games, etc.), 
which place tremendous strain on network resources. The 
Web as well as other Internet services rely on protocols and 
networking architectures that offer great flexibility and 
robustness; however, such infrastructure may be inefficient in 
transporting Web traffic, which can result in large user 
response time, particularly if the traffic has to traverse an 
intermediary network with a relatively large latency (e.g., a 
satellite network). To promote greater adoption of data com 
munication services, the telecommunication industry, from 
manufacturers to service providers, has agreed at great 
expense and effort to develop standards for communication 
protocols that underlie the various services and features. 
0003 Satellite systems possess unique design challenges 
over terrestrial systems. That is, mobile satellite systems have 
different attributes that make terrestrial designs either not 
applicable or inefficient for satellite systems. For example, 
satellite systems are characterized by long delays (as long as 
260 ms one-way) between a user-terminal device and a base 
station compared to the relatively shorter delays (e.g., milli 
second or less) in terrestrial cellular systems—this implies 
that protocols on the satellite links have to be enhanced to 
minimize impact of long propagation delays. Additionally, 
satellite links typically have Smaller link margins than terres 
trial links for a given user-terminal power amplifier and 
antenna characteristics; this implies that higher spectral effi 
ciency and power efficiency are needed in Satellite links. 

SOME EXEMPLARY EMBODIMENTS 

0004. Therefore, there is a need for an approach for pro 
viding efficient use of spectral resources of a satellite system 
when operating with terrestrial systems. 
0005 According to certain embodiments, a broadband 
satellite communications system comprises forward error 
correction (FEC) encoder/decoder, interleaver/deinterleaver, 
puncturing/de-puncturing, Scrambler/descrambler, bit to 
symbol mapping/de-mapping devices, modulator/demodula 
tor, transmit and receive filter, operating in a time-division 
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multiple access (TDMA) system where information is sent in 
a burst-by-burst fashion during the assigned time slot; Sup 
porting diverse traffic types such as voice over internet pro 
tocol (VOIP), control messages (DACCH) and keep alive 
burst (KAB) during silence period and multiple data rates. 
0006. In one embodiment, a receiver structure includes 
timing estimation and tracking, frequency estimation and 
tracking, phase estimation, amplitude correction and Scaling. 
0007. In another embodiment, an approach is provided for 
inserting signature sequence of bits or unique words into the 
burst structure that is unique for each type of traffic and data 
rate. 

0008. In another embodiment, an approach is provided for 
uses different protection levels for perceptually important and 
perceptually unimportant bits received from the vocoder. The 
encoded important and unimportant bits along with said 
unique words (signature sequence) are further segmented and 
rearranged before placing into the burst structure to combat 
channel-induced fading. 
0009. In another embodiment, an approach is provided for 
identifying each burst (traffic type and data rate) based on the 
said unique words that uniquely corresponds to this burst. The 
burst classification is performed at the physical layer without 
any assistance from the upper layers. 
0010. In another embodiment, an approach is provided for 
Successfully handling both initial acquisition and steady-state 
tracking of timing and frequency parameters. 
0011. In another embodiment, an approach is provided for 
using first-order loops to implement timing and frequency 
tracking. 
0012. In another embodiment, an approach is provided for 
Supporting both polarization diversity and satellite diversity. 
0013. In another embodiment, an approach is provided for 
Supporting the burst classification and decoding that utilizes 
diversity receptions wherein maximal ratio combining 
(MRC) is used as a method to implement diversity output. 
0014. In another embodiment, an approach is provided for 
using a signal-to-noise ratio (SNR) measurement method on 
diversity output that sets the metric for power control algo 
rithms. 
0015. In another embodiment, an approach is provided for 
Successfully handling outage conditions when the receiver is 
temporally shadowed by large physical structures e.g., build 
ings. The receiver controls the said timing and frequency 
tracking loops so that transitions between non-outage and 
outage and Vice-versa are performed efficiently. 
0016. In another embodiment, an approach is provided for 
Scaling estimated bits in accordance with signal strength and 
said SNR values. 
0017. In another embodiment, an approach is provided for 
generating soft decision bits in accordance with a quantiza 
tion having at least eight bits. 
0018. In another embodiment, an approach is provided for 
reducing overhead for upper layers paving the way for Zero 
byte header compression. 
0019. In another embodiment, an approach is provided for 
using tail-biting decoding using said Viterbi decoder with 
optimum repetition length. 
0020. In another embodiment, an approach is provided for 
using a convolutional encoder to implement FEC and the 
receiver structure comprises Viterbi decoders. 
0021. In another embodiment, an approach is provided for 
accommodating control bits comprising power control bits 
and link quality indicator bits. 
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0022. In another embodiment, an approach is provided for 
protecting said perceptually important bits and said control 
bits using cyclic-redundancy-check (CRC) codes. 
0023. In another embodiment, an approach is provided for 
increasing effective code rate by using puncturing bits at the 
transmitter and de-puncturing corresponding bits at the said 
receiver. 
0024. In another embodiment, an approach is provided for 
Supporting variable coding rates of 4.0 kbps and 2.45 kbps of 
user information over a time frame of 40 m.sec. 
0025. In another embodiment, an approach is provided for 
Supporting variable burst length of 5 msec, 10 mesec, and 
13.333 msec of time duration. 
0026. In another embodiment, an approach is provided for 
Successfully operating at a very low signal to noise ratio 
(SNR). 
0027. In another embodiment, an approach is provided for 
supporting Packet Data Channel (PDCH) with multiple data 
rates. PDCH can be classified as either a Packet Common 
Control Channel (PCCCH), Packet Associated Control Chan 
nel (PACCH), or as a Packet Data Traffic Channel (PDTCH). 
Such a system comprises of forward error correction (FEC) 
encoder/decoder, interleaverideinterleaver, scrambler/de 
scrambler, bit-to-symbol mapping/demapping, modulator/ 
demodulator and transmit and receive filter. Time-division 
multiple access is employed where information is sent in a 
burst-by-burst fashion during the assigned slot for transmis 
S1O. 

0028. In another embodiment, an approach is provided for 
providing a receiver structure that includes symbol timing 
estimation and correction, burst timing estimation and cor 
rection, burst detection, frequency estimation and correction, 
phase estimation and correction, amplitude estimation and 
correction, signal-to-noise ratio (SNR) estimation and soft bit 
generation and Scaling. 
0029. In another embodiment, an approach is provided for 
inserting signature sequence of bits that is unique for each 
type of traffic and data rate. They are referred to as Unique 
Words (UW's) and they assist in burst synchronization such 
as timing, phase, and frequency estimation. 
0030. In another embodiment, an approach is provided for 
using a public user information (PUI) field in each burst 
which carries the keep-alive burst indicator (downlink only), 
and link adaptation control message (uplink only), burst 
modulation and coding information, and access permission to 
the uplink timeslots associated with the downlink timeslots 
where the burst is received. 
0031. In another embodiment, an approach is provided for 
using an optional Uplink MAP (ULMAP) field in the down 
link which provides the user terminals with the uplink trans 
mission opportunities/resource. 
0032. In another embodiment, an approach is provided for 
Supporting 2-path and 4-path diversity receptions. 
0033. In another embodiment, an approach is provided for 
generating efficient channel state information (CSI) for use in 
Turbo coded receiver operating in fast fading channels. 
0034. In another embodiment, an approach is provided for 
using scales estimated bits in accordance with estimated CSI 
and estimated SNR. 
0035. In another embodiment, an approach provides two 
stage phase estimation can be employed where in the tentative 
symbol decisions obtained by phase estimates obtained from 
UW's in first stage is used for block phase estimation in 
Second stage. 
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0036. In another embodiment, an approach is provided for 
generating soft decision bits in accordance with a quantiza 
tion that is dependent on the FEC employed for the particular 
burst field. For fields that are encoded by convolutional codes 
or Golay codes 8bit quantization is employed, whereas when 
Turbo codes are used, 6 bit quantization is employed. 
0037. In another embodiment, an approach is provided for 
Supporting variable transmission rates from 23.4 kSps to 234 
ksps and supports variable burst length of 5 ms, 10 ms and 20 

S. 

0038. In another embodiment, an approach is provided for 
Supporting transmission rate of 23.4ksps, using a tail-biting 
convolutional encoder and a receiver that comprises of a 
Viterbi decoder. 
0039. In another embodiment, an approach is provided for 
Supporting transmission rate greater than 23 kSps comprises 
of a Turbo encoder and a receiver that comprises a Turbo 
decoder. 
0040. In another embodiment, an approach is provided for 
increasing effective code rate by puncturing encoded bits at 
the transmitter and de-puncturing corresponding bits at the 
receiver. 
0041. In another embodiment, an approach is provided for 
Successfully operating at a very low signal to noise ratio 
(SNR). 
0042 Still other aspects, features, and advantages of the 
invention are readily apparent from the following detailed 
description, simply by illustrating a number of particular 
embodiments and implementations, including the best mode 
contemplated for carrying out the invention. The invention is 
also capable of other and different embodiments, and its 
several details can be modified in various obvious respects, all 
without departing from the spirit and scope of the invention. 
Accordingly, the drawings and description are to be regarded 
as illustrative in nature, and not as restrictive. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0043. The embodiments of the invention are illustrated by 
way of example, and not by way of limitation, in the FIG.s of 
the accompanying drawings: 
0044 FIGS. 1A and 1B are diagrams of communication 
systems capable of providing Internet Protocol (IP)-based 
communication sessions from a terrestrial domain to a satel 
lite domain, according to various exemplary embodiments; 
0045 FIG. 2 is a flowchart of a process for providing 
IP-based communication sessions from a terrestrial network 
over a satellite link, according to various exemplary embodi 
ments; 
0046 FIGS. 3A and 3B are, respectively, a diagram of a 
user plane protocol architecture for providing a satellite air 
interface and a diagram of a system supporting different core 
network choices, according to various exemplary embodi 
ments; 
0047 FIG. 4 is a diagram of a control plane protocol 
architecture for providing a satellite air interface, according 
to various exemplary embodiments; 
0048 FIGS.5A and 5Bare, respectively, a flowchart and a 
ladder diagram of processes for providing spectrally efficient 
Voice over IP (VoIP) sessions, according to various exem 
plary embodiments; 
0049 FIG. 6 is a diagram of a communication system for 
providing media handling to achieve circuit-switched effi 
ciency for VoIP, according to various exemplary embodi 
ments; 
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0050 FIGS. 7A and 7B are, respectively, a flowchart of a 
process for providing multiple Vocoder rate operation, and a 
diagram of a frame structure for Supporting the process, 
according to various exemplary embodiments; 
0051 FIGS. 8A and 8Bare, respectively, a flowchart and a 
ladder diagram of processes for providing link quality reports 
in Support of a communications session, according to various 
exemplary embodiments; 
0052 FIG.9 is a flowchart of a process for handling trans 
mission errors associated with a packetized voice call, 
according to various exemplary embodiments; 
0053 FIGS. 10A and 10B are, respectively, a ladder dia 
gram of a conventional process for Session Initiation Protocol 
(SIP) over User Datagram Protocol (UDP) handling, and a 
ladder diagram of an enhanced process for SIP over UDP 
handling according to an exemplary embodiment; 
0054 FIG. 11 is a diagram of a communication system 
having a quality of service (QoS) architecture, according to 
an exemplary embodiment; 
0055 FIG. 12 is a diagram of a communication system for 
Supporting multiple simultaneous flows for a user terminal 
with different QoS requirement, according to an exemplary 
embodiment; 
0056 FIG. 13 is a flowchart of a process for efficiently 
multiplexing flows, according to various exemplary embodi 
ments; 
0057 FIGS. 14A-14C are diagrams of exemplary frame 
structures for providing multiplexing of multiple flows, 
according to various exemplary embodiments; 
0058 FIG. 15 is a flowchart of a process for utilizing 
performance enhancing proxy (PEP) functions, according to 
an exemplary embodiment; 
0059 FIG. 16 is a diagram of a protocol architecture 
including PEP functions, according to an exemplary embodi 
ment, 
0060 FIG. 17 is a ladder diagram of a typical Medium 
Access Control (MAC) protocol exchange over a satellite 
link; 
0061 FIG. 18 is a ladder diagram of a MAC protocol 
exchange over a satellite link in which delay is reduced, 
according to an exemplary embodiment; 
0062 FIG. 19 is a flowchart of a process for efficiently 
utilizing resources to provide push-to-anything, according to 
an exemplary embodiment; 
0063 FIG. 20 is a diagram of a communication system 
capable of providing push-to-anything, according to an 
exemplary embodiment; 
0064 FIG. 21 is a flowchart of a process for providing 
dynamic link adaptation, according to an exemplary embodi 
ment, 
0065 FIG.22 is a diagram of agraph show performance of 
a dynamic link adaptation mechanism, according to an exem 
plary embodiment; 
0066 FIG. 23 is a ladder diagram of a handover process 
between a terrestrial domain and a satellite domain, according 
to an exemplary embodiment; 
0067 FIG. 24 is a flowchart of a process for providing 
legal interception handling, according to an exemplary 
embodiment; 
0068 FIG. 25 is a diagram of a communication system 
capable of providing legal interception handling, according to 
an exemplary embodiment; 
0069 FIG. 26 is a diagram of hardware that can be used to 
implement certain embodiments; 
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0070 FIG. 27 is a diagram of exemplary components of a 
user terminal conFIG.d to operate in the systems of FIGS. 1A 
and 1B, according to an exemplary embodiment; 
0071 FIG. 28 is a diagram of a timing flow of the return 
link power control, according to certain embodiments; and 
0072 FIGS. 29-61 are diagrams of systems and processes 
for providing physical layer methods for robust and efficient 
packetized Voice communications and data bearers in mobile 
satellite systems, according to various embodiments. 

DETAILED DESCRIPTION 

0073. An apparatus, method, and software for providing a 
satellite interface to Support mobile communication services 
are disclosed. In the following description, for the purposes of 
explanation, numerous specific details are set forth in order to 
provide a thorough understanding of the embodiments of the 
invention. It is apparent, however, to one skilled in the art that 
the embodiments of the invention may be practiced without 
these specific details or with an equivalent arrangement. In 
other instances, well-known structures and devices are shown 
in block diagram form in order to avoid unnecessarily obscur 
ing the embodiments of the invention. 
0074 Although certain embodiments are discussed with 
respect to an Internet Protocol (IP)-based architecture, it is 
recognized by one of ordinary skill in the art that these 
embodiments have applicability to any type of packet based 
communication system and equivalent functional capabili 
ties. 
0075 FIGS. 1A and 1B are diagrams of communication 
systems capable of providing Internet Protocol (IP)-based 
communication sessions from a terrestrial domain to a satel 
lite domain, according to various exemplary embodiments. 
For the purposes of illustration, a system 100 of FIG. 1A 
supports multimedia services using an Internet Protocol (IP) 
architecture. Such that end-to-end communication sessions 
are packetized. By way of example, a terrestrial core network 
101 is a wireless core network that is compliant with a Third 
Generation (3G) or Fourth Generation (4G) architecture; e.g., 
Third Generation Partnership Project (3GPP)-based. For 
example, the system 100 can utilize a satellite air interface 
denoted as GMR-1 3G, which is an evolution of the GMR-1 
air interface standards; GMR-1 3G has been submitted to and 
is currently under consideration for adoption by European 
Telecommunications Standards Institute (ETSI) and the 
International Telecommunication Union (ITU). The wireless 
core network 101 may also have connectivity to a data net 
work 103 and a telephony network 105. 
(0076 Networks 101, 103, and 105 may be any suitable 
wireline and/or wireless network. For example, telephony 
network 105 may include a circuit-switched network, such as 
the public switched telephone network (PSTN), an integrated 
services digital network (ISDN), a private branch exchange 
(PBX), an automotive telematics network, or other like net 
work. Wireless network 101 (e.g., cellular system) may 
employ various technologies including, for example, code 
division multiple access (CDMA), enhanced data rates for 
global evolution (EDGE), general packet radio service 
(GPRS), global system for mobile communications (GSM), 
IP multimedia subsystem (IMS), universal mobile telecom 
munications system (UMTS), etc., as well as any other Suit 
able wireless medium, e.g., microwave access (WiMAX), 
wireless fidelity (WiFi), satellite, and the like. Moreover, data 
network 103 may be any local area network (LAN), metro 
politan area network (MAN), wide area network (WAN), the 
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Internet, or any other Suitable packet-switched network, Such 
as a commercially owned, proprietary packet-switched net 
work having voice over Internet Protocol (VoIP) capabilities, 
e.g., a proprietary cable or fiber-optic network. 
0077. Within the satellite domain, a satellite base station 
subsystem (SBSS) 107 is introduced that implements the 
necessary modifications and enhancements for efficient 
operation over a satellite 109 to one or more user terminals 
111a-111n. These terminals 111a-111n can be of various 
types with different form factors and transmit capabilities: 
e.g., sleek hand-held terminals, personal digital assistants 
(PDAs), vehicular terminals, portable terminals, fixed termi 
nals, automotive telematics terminals, etc. 
0078. The SBSS 107 communicates with the wireless net 
work 101, which includes a core network (e.g., 3G/4G) that is 
unchanged from terrestrial core network. This consequently 
permits operators to reuse existing 3G/4G core network ele 
ments. The interface between the SBSS 107 and the 3G/4G 
core network 101 can be a standard terrestrial interface. 

0079. It is also noted that the architecture of the system 
100 permits the same core network element to simultaneously 
communicate with a terrestrial base station (not shown) and 
the SBSS 107. This capability is illustrated in FIG. 1B. As 
seen, the system 100 enables handover procedures between 
terrestrial base-station and the SBSS 107 to be executed via a 
core network with standard procedures defined in terrestrial 
systems. In this example, the UT 111 has the capability to 
communicate over a satellite link or directly communicate 
with a terrestrial radio access network 113 to the wireless 
network 101. By way of example, the data network 103 is 
conFIG.d as an IP/IMS (IP Multimedia Subsystem) with 
multiple application servers 115 Supplying multimedia con 
tent. The data network 103 couples to the PSTN 105 via a 
media gateway 117; the PSTN 105 can serve one or more 
voice terminals 119. 

0080. In the system 100, a radio access bearer (RAB) is 
associated with Packet Data Protocol (PDP) context main 
tained between the user terminal (UT) 111 and the core net 
work (CN) 101. For instance, one RAB can be established for 
Session Initiation Protocol (SIP) call signaling, and be main 
tained as long as the user wishes to make and receive calls. 
Another RAB is established on demand for the transport of 
the voice media while a call is in session. The satellite radio 
access network establishes and maintains Radio Bearers 
(RBs) between the UT 111 and the S-BSS 107 necessary to 
satisfy, for example, Quality of Service (QoS) requirements 
of the SIP call signaling and Voice over IP (VoIP) user plane 
RABs. The signaling radio bearer Supports signaling connec 
tivity between the UT 101 and the satellite radio access net 
work. 

I0081. While specific reference will be made thereto, it is 
contemplated that system 100 may embody many forms and 
include multiple and/or alternative components and facilities. 
0082 FIG. 2 is a flowchart of a process for providing 
IP-based communication sessions from a terrestrial network 
over a satellite link, according to various exemplary embodi 
ments. In step 201, IP-based media is received at the SBSS 
107 from a terrestrial network (e.g., network 101). The SBSS 
107 can then process the media flow to optimize transmission 
of the IP-based media in terms of, e.g., overhead signaling, 
delay, or throughput. In step 203, overhead information of the 
media flow is modified or eliminated altogether for transmis 
sion over the satellite link. This processing can occur on a 
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packet-by-packet basis or by segments of packets. Thereafter, 
the IP-based media is transported over a satellite link to the 
UT 111, as in step 205. 
I0083 FIGS. 3A and 3B are, respectively, a diagram of a 
user plane protocol architecture for providing a satellite air 
interface and a diagram of a system supporting different core 
network choices, according to various exemplary embodi 
ments. A user plane protocol architecture 300 employs the 
following higher protocols at the end terminals (e.g., UT and 
a remote host): an application layer, a TCP/UDPlayer, and an 
IPlayer. The UT 111, according to one embodiment, includes 
the following satellite domain specific protocols to commu 
nicate with the SBSS 107: SAT-PDCP (Packet Data Conver 
gence Protocol), SAT-RLC (Radio Link Control), SAT-MAC 
(Medium Access Control), and SAT-PHY (Physical). To 
interface with the terrestrial systems, the SBSS 107 provides 
the following protocols: GTP-U (GPRS Tunneling Proto 
col—User Plane), UDP (User Datagram Protocol), IP, and 
Ethernet. On the terrestrial side, the 3G-SGSN (Serving 
GPRS SupportNode) utilizes GTP-U, UPD, IPL2, and L1 to 
communicate with the 3G-GGSN (Gateway GPRS Support 
Node), which employs an IPlayer to link to the remote host. 
Therefore, in the user plane, PDCP, RLC, MAC and PHY 
layers are optimized for satellite operation. Next, the control 
plane is described. 
I0084 As seen in FIG. 3B, a communication system 310 
utilizes an adaptation layer 311 to insulate the satellite air 
interface 313. Consequently, the satellite air interface 313 
permits the interoperation with various core networks; e.g., 
3GPP2 EVDO (Evolution Data Optimized) core/MMD 
(Multimedia Domain) network 315, Universal Mobile Tele 
communications System/IP Multimedia Subsystem (UMTS/ 
IMS) core network 317, and a WiMax core network 319. 
I0085 FIG. 4 is a diagram of a control plane protocol 
architecture for providing a satellite air interface, according 
to various exemplary embodiments. As shown, the SBSS 107 
communicates with user terminals (UT) 111 whose radio 
layer (also called as Access Stratum 401) functionality is 
consistent with that implemented at the SBSS 107. In this 
architecture 400, protocol functions and layers above the 
Access Stratum 401, also referred to as Non-Access Stratum 
403 in the UTS 111 are unchanged. Accordingly, these pro 
tocols communicate with the core network elements without 
any modifications to the core network elements. Regardless 
of what core network elements are chosen by the operator, the 
satellite-specific access stratum enhancements and modifica 
tions between SBSS and UT will remain the same. 
I0086. In the control plane, the RRC, RLC, MAC and PHY 
layers are optimized for satellite operation. 
I0087. According to one embodiment, at the physical layer, 
the waveforms can be designed to permit operation in mul 
tiples of 31.25 kHz and with multiple slot durations. Power 
efficiency is achieved via use of such waveforms as pi/2 
BPSK (Binary Phase Shift Keying), pi/4 QPSK (Quadrature 
Phase Shift Keying) and 16-APSK (Amplitude Phase Shift 
Keying) that have lower peak-to-average ratios than their 
counterparts of BPSK, QPSK and 16-QAM (Quadrature 
Amplitude Modulation). Bit rates from, e.g., 2.4 kbps to 1 
Mbps can be achieved via the use of appropriate channel 
bandwidth, modulation scheme, coding rate and burst length. 
I0088 FIGS.5A and 5Bare, respectively, a flowchart and a 
ladder diagram of processes for providing spectrally efficient 
Voice over IP (VoIP) sessions, according to various exem 
plary embodiments. A key attribute of an all-IP system is that, 
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all services including voice is carried over IP i.e., Voice over 
IP or VoIP. That is, encoded voice is transmitted across the 
satellite system as IP packets. Unlike circuit-switched voice, 
VoIP packets carry header information whose size can be 40 
or 60 bytes for IPv4 and IPv6, respectively. The percentage 
overhead is a function of the payload that the VoIP packet 
carries; therefore lower rate vocoders that are typically used 
in satellite systems will incur significantly higher percentage 
of overhead compared to terrestrial systems. As an example, 
a terrestrial system with a 12.2 kbps. Adaptive Multi-Rate 
(AMR) vocoder will incura overhead of about 66% for IPv4 
(100% for IPv6), whereas a 4 kbps vocoder used in satellite 
systems will incur an overhead of about 200% (300% for 
IPv6). Moreover, this does not take into account Layer 2 
overhead that is typically used in packet systems with band 
width on demand, in which the overhead can be between 5 to 
6 bytes leading to additional degradation in efficiency. There 
fore, VoIP sessions are costly with respect to signaling over 
head. 
0089. By way of example, the VoIP session utilizes Ses 
sion Initiation Protocol (SIP) to establish voice communica 
tion between two parties. SIP protocol serves as the call 
control protocol for establishing, maintaining and teardown 
of VoIP calls. SIP provides a flexible framework for handling 
multimedia services, affording the end user with flexibility in 
influencing network behavior to suit their needs. This call 
control protocol further provides seamless interoperability 
across wireline and wireless networks. 

0090. A detailed discussion of SIP and its call control 
services are described in IETF RFC 2543, IETF RFC 3261 
and IETF Internet draft“SIP Call Control Services’, Jun. 17, 
1999; these documents are incorporated herein by reference 
in their entireties. SIP messages are either requests or 
responses. The user terminal 111 can be a user agent that 
behaves as either a user agent client (UAC) or a user agent 
server (UAS), depending on the services that the system 100 
is executing. In general, a user agent client issues requests, 
while a user agent server provides responses to these requests. 
0091 SIP defines various types of requests, which are also 
referred to as methods. The first method is the INVITE 
method, which invites a user to a conference. The next 
method is the ACK method, which provides for reliable mes 
sage exchanges for invitations in that the client is sent a 
confirmation to the INVITE request. That is, a successful SIP 
invitation includes an INVITE request followed by an ACK 
request. Another method is a BYE request, which indicates to 
the UAS that the session should be released. In other words, 
BYE terminates a connection between two users or parties in 
a conference. The next method is the OPTIONS method; this 
method solicits information about capabilities and does not 
assist with establishment of a session. Lastly, the REGISTER 
provides information about a user's location to a SIP server. 
0092. According to one embodiment, the system 100 pro 
vides delivery of media sessions using an IP-based approach. 
Specifically, the system 100 uses a signaling protocol (e.g., 
SIP) in conjunction with a standard data packet format (e.g., 
Real-time Transport Protocol (RTP)) to deliver communica 
tion services. More specifically, the signaling protocol is used 
to establish, modify, and terminate a media session, while the 
standard data packet format serves as the conduit for carrying 
audio and video over the system 100. 
0093. To address the issue of costly overhead in support 
VoIP traffic, an approach is introduced that eliminates the 
overhead all together. As seen in FIG. 5A, in step 501, a 
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transmitter (UT 111 or SBSS 107 depending on the direction 
of information transfer) establishes a VoIP session with a 
receiver (SBSS 107 or UT 111). To support voice service, 
according to one embodiment, the user data stream includes 
the following: IP multimedia subsystem (IMS) signaling 
stream, Real-Time Control Protocol (RTCP) stream, and 
Real-Time Protocol (RTP) speech stream. These streams can 
be transported over the same bearer (the same Packet Data 
Protocol (PDP) Context/radio access bearer (RAB)) or over 
different bearers. 
0094. To ensure that quality of service (QoS) differentia 
tion can be afforded to the voice media stream relative to that 
of IMS signaling a separate PDP Context/RAB can be estab 
lished for IMS signaling. This enables the optimization of 
bandwidth usage over the satellite link in the system 100 (of 
FIG. 1) by providing the real-time, low latency guarantees to 
the Voice media stream. For example, session control signal 
ing (e.g., Session Initiation Protocol (SIP)/Session Descrip 
tion Protocol (SDP)) can be utilized over User Datagram 
Protocol (UDP)/IP for application control between the termi 
nals 111. SIP signaling can be used for multimedia session 
control. 

(0095. In step 503, the transmitter notifies the receiver of 
the header information corresponding to the VoIP session. 
Voice payload (media) are carried over RTP/UDP/IP. The 
coded speech is carried alongside the payload descriptor in 
the media/RTP payload. DualTone Multi-frequency (DTMF) 
and Silence Insertion Descriptor (SID) packets are also car 
ried alongside the speech packets. Thus, the overhead 
includes the RTP/UDP/IP header. Subsequently, the transmit 
ter need only transmit the voice payload without the header 
information to the receiver, as in step 505. The receiver, upon 
receiving the Voice payload, regenerates the header for the 
VoIP packets for further routing to the end user (step 507). 
This process thus completely eliminates the RTP/UDP/IP 
header at the transmitter and regenerates headers at the 
receiver. In other words, the transmitting entity informs the 
receiving entity about the details of the header at the begin 
ning of a VoIP call. 
0096. In the scenario of FIG. 5B, the VoIP session utilizes 
Session Initiation Protocol (SIP) to establish voice commu 
nication between two parties. SIP protocol serves as the call 
control protocol for establishing, maintaining and teardown 
of VoIP calls. SIP provides a flexible framework for handling 
multimedia services, affording the end user with flexibility in 
influencing network behavior to suit their needs. This call 
control protocol further provides seamless interoperability 
across wireline and wireless networks. 

0097. For the purposes of illustration, only one party is 
depicted to highlight the satellite link between the SBSS 107 
and the UT 111. In step 511, the SIP exchange necessary to 
establish a communication session is performed between a 
VoIP client (in communication with the UT 111) and a SIP 
server. In an exemplary embodiment, the VoIP client can 
reside within the UT 111. Next, in step 513, the VoIP client 
transmits header information, e.g., RTP/UDP/IP information, 
to the SBSS 107, which then stores this information. The 
SBSS 107 provides the association of this header information 
with the particular VoIP session. In one embodiment, the 
scheme also takes advantage of the periodic nature of 
resource allocation for transmission of VoIP payloads in order 
to regenerate RTP headers. 
(0098. In step 515, the VoIP client generates a voice packet 
with uncompressed RTP/UDP/IP information. The UT 111 
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strips this information from the Voice packet, leaving only the 
voice payload to be transmitted to the SBSS 107 over the 
satellite link. In this manner, overhead information is elimi 
nated from utilizing precious satellite capacity. At the SBSS 
107, the RTP/UDP/IP information is retrieved and used to 
regenerate the entire Voice packet for forwarding to the media 
gateway 117, for example. The media gateway 117 can then 
terminate the call to the voice Station 119 over the PSTN 105. 
In step 517, the media gateway 117 generates a voice packet 
conveying information from the voice station 119; this packet 
includes uncompressed RTP/UDP/IP information, which the 
SBSS 107 strips off. The SBSS 107 generates a satellite frame 
with only the voice payload to transport to the UT 111. At the 
UT 111, the voice packet is regenerated with the correspond 
ing RTP/UDP/IP information. 
0099. In the above process, the physical channel is defined 
such that a known number of VoIP payloads are carried in 
eachburst. The receiver is able to extract the VoIP payloads at 
the physical layer and attach a header based on information 
received at the beginning of the VoIP session. Media handling 
is illustrated in FIG. 6. 
0100. To provide maximum spectrally efficiency over the 
satellite interface 313, all packet overhead is removed and 
only the payload voice frames are transmitted. Any header 
information used for communications between the Vocoders 
are thus removed prior to transmission on the satellite link and 
regenerated following reception. The PHY layer provides 
indications of the channel as well as the transmission content 
that allows for the indirect communication of information 
across the satellite link and necessary regeneration of header 
information. Before entry into the terrestrial network, e.g., 
core network 101, the header information is put back. 
0101 FIG. 6 is a diagram of a communication system for 
providing media handling to achieve circuit-switched effi 
ciency for VoIP, according to various exemplary embodi 
ments. As shown, in the segment 601, header information is 
exchanged. In segment 603 (i.e., satellite link), the satellite 
link carries only payload. The process of FIG. 5 involves 
elimination of the need to transfer details of header informa 
tion in the direction from SBSS 107 to UT 111. In this 
example, the UT 111 is able to regenerate, in an exemplary 
embodiment, the RTP/UDP/IP headers purely based on the 
knowledge of what the application is using in terms of source 
IP address, destination IP address, source port and destination 
port. Also, the SBSS 107 can regenerate the voice packets for 
communication with the core network (e.g., network 101 of 
FIGS. 1A and 1B); segment 605 from the SBSS 107 to the 
core network 101 utilize headers as well as the payload. 
0102. In addition to the above arrangement, the satellite 
interface can be further optimized in Support of Voice com 
munications. 

(0103 FIGS. 7A and 7B are, respectively, a flowchart of a 
process for providing multiple Vocoder rate operation, and a 
diagram of a frame structure for Supporting the process, 
according to various exemplary embodiments. Vocoder rate 
adaptation maintains voice quality when channel conditions 
degrade. According to one embodiment, the system 100 is 
also capable of carrying VoIP with circuit-switched spectral 
efficiency even when the Vocoder is operating at multiple 
rates. By contrast, conventionally Vocoder rate changes are 
indicated explicitly within the header—e.g., via a 1-byte 
header. To avoid such costly overhead, the system 100 utilizes 
a physical layer assisted method to determine the rate at 
which the Voice encoder operates. Also, a physical layer 

Aug. 5, 2010 

assisted header compression scheme permits transmission of 
non-VoIP information on the same channel as provided for 
VOIP. 

0104 FIG. 7A shows the physical layer assisted approach. 
In step 701, a unique set of reference symbols (or Unique 
Words) are used for determining the rate at which voice 
encoder operated at the transmitter. These reference symbols 
can also be used to determine whether a received burst carries 
voice information or non-voice information. In step 703, 
these reference symbols are transmitted within the physical 
layer header, thereby negating signaling Such informationata 
higher layer. 
0105. In the example of FIG.7B, the physical frame struc 
tures 711,713,715. Frame 711 includes aunique word, UW1, 
corresponding to a particular rate, Rate 1, while frame 713 
provides a different unique word, UW2, for a different rate, 
Rate 2. Furthermore, yet another unique word, UW3, can be 
specified, as shown in frame 715, to indicate a non-VoIP 
communication session. 

01.06 Within the core network 101, the Media/RTP flow 
carries coded speech for Voice services; e.g., the overall pack 
ets for the media flow carrying speech are Codec/RTP/UDP/ 
IPv6. Voice traffic within the system 100 can be based, for 
instance, on Adaptive Multi-Rate (AMR) and DVSI vocod 
ers. The RTP payload size for AMR 12.2 kbps coded speech 
is 32 bytes, and for the DVSI 4 kbps coded speech it is 10 
bytes. Such flow can support RealTime/Conversational com 
munications. In the case of a fixed packet size of 70 bytes, 60 
bytes of uncompressed RTP/UDP/IPv6 header is provided 
every 20 ms (for 4 kbps coded speech with Silence Insertion 
Descriptor (SID) packets during voice inactivity). With the 
vocoder conFIG.d for two voice frames per packet, 80 bytes 
is generated every 40 ms. Alternatively, if the flow utilizes a 
fixed packet size of 50 bytes, 40 bytes of uncompressed 
RTP/UDP/IPv4 header are provided every 20 ms (for 4 kbps 
coded speech with SID packets during voice inactivity). With 
the vocoder conFIG.d for two voice frames per packet, 60 
bytes is generated every 40 ms. 
0107 The voice payload from the DVSI vocoderisformed 
every 20 ms. However, to reduce end-to-end overhead, the 
vocoder can also be conFIG.d to concatenate two voice 
frames within a single Vocoderpayload, i.e. two Voice frames 
per IP/UDP/RTP packet. The two 20 ms frames will form a 
single packet transmitted across the satellite air interface 
(e.g., using a 40 ms frame). 
(0.108 FIGS. 8A and 8Bare, respectively, a flowchart and a 
ladder diagram of processes for providing link quality reports 
in Support of a communications session, according to various 
exemplary embodiments. In a VoIP transaction utilizing SIP, 
in addition to transfer of media via Real-Time Protocol 
(RTP), there is transfer of side information, such as quality 
reports, via Real-Time Control Protocol (RTCP) protocol. 
For example, RTCP over UDP/IP can be employed for media 
control, wherein the RTCP provides feedback quality infor 
mation to the source for the media carried within the RTP 
flow. Transfer of side information using RTCP requires addi 
tional bandwidth on the scarce mobile links. As described, the 
system 100 relies upon an approach that completely elimi 
nates transfer of side information between transmitter (UT or 
SBSS depending on direction of media transfer) and receiver 
(SBSS or UT), thereby conserving resources on mobile links. 
The receiver creates these RTCP packets towards the client or 
server based on radio link quality, as seen at the physical layer. 
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0109 RTCP is transported over UDP/IP and typically car 
ries media control information. The characteristics of this 
flow are a Variable Packet Size (can be longer than the RTP 
payload) and that messages are transferred infrequently. 
RTCP defines different packet types—Sender Report, 
Receiver Report, Source Description, BYE and APP. 
0110. In step 801, a media session is established between 
the transmitter and the receiver. Next, the process examines 
the radio link quality at the physical layer, per step 803. 
Accordingly, this eliminates the need for providing radio link 
quality reports at the higher layer, such as the RTCP protocol 
(step 805). In step 807, the quality reports are regenerated 
based on the physical layer of the radio link. 
0111. In the exemplary scenario of FIG. 8B, the steps of 
811-819 are similar to those steps 511-517 of the process of 
FIG. 5B. In addition, the process employs an RTCP suppres 
sion mechanism, whereby the VoIP client transmits, per step 
821, a link quality report. As with the process of FIG. 5B, the 
packet(s) specifying Such link quality report do not include 
the header information (e.g., RTCP/UDP/IP). 
0112. As another example of how VoIP sessions, particu 
larly those involving the use of SIP can be supported more 
efficiently relates to transmission errors, as next described. 
0113 FIG.9 is a flowchart of a process for handling trans 
mission errors associated with a packetized voice call, 
according to various exemplary embodiments. SIP messages 
are textual in nature, resulting in long message lengths. 
Therefore, the transfer of these lengthy messages across the 
air interface (e.g., satellite air interface) results in a long call 
setup time. Traditionally, use of compression techniques such 
as SIGCOMP have been implemented to reduce the size of 
SIP messages, which can typically be about several hundred 
bytes long. 
0114. In step 901, a communication session (e.g., SIP 
session) is initiated; in which a transmission frame is gener 
ated. The process then compresses the transmission frame, as 
in step 903. This compressed frame is then transmitted 
according to SIP per step 905. It is noted that typically SIP is 
carried over UDP, and messages carried over UDP are carried 
in unacknowledged mode at the data link layer. In step 907, a 
transmission erroris detected at the data link layer (i.e., Layer 
2 (“L2)). Rather than rely on the higher layer protocols to 
address the errors (i.e., using a retransmission scheme), the 
process retransmits at L2 using an acknowledgement mode of 
operation (step 909). 
0115 To better appreciate this process, a conventional 
process for handling SIP over UPD is described with respect 
to FIG 10A. 

0116 FIGS. 10A and 10B are, respectively, a ladder dia 
gram of a conventional process for Session Initiation Protocol 
(SIP) over User Datagram Protocol (UDP) handling, and a 
ladder diagram of an enhanced process for SIP over UDP 
handling according to an exemplary embodiment. As shown 
in FIG. 10A, conventionally, the SIGCOMP compression is 
performed on the SIP message, which, as mentioned, are 
transported over UDP in unacknowledged mode at the data 
link layer (step 1001). The compressed SIP message is gen 
erally larger than a typical data link layer frame size. As a 
result, a single frame in error will result in the entire com 
pressed SIP message to be retransmitted (step 1003). This not 
only results in increased call setup delay, but also wastes UT 
battery life because of power necessary to retransmit. 
0117. By contrast, the process of FIG. 10B relies upon the 
acknowledged mode operation at data link layer for SIP mes 
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sages. In step 1011, the SIP client compresses the SIP mes 
sages, and the UT 111 sends the corresponding L2 frames in 
the acknowledgement mode to the SBSS 107. Consequently, 
upon detection of a transmission error at the data link layer, 
the SBSS 107 need only signal a negative acknowledgement 
(NACK) for the erroneous frame (step 1013). In response to 
the NACK signal, the UT 111 retransmits, as in step 1015, 
only the particular frame in error, as opposed to all the frames 
encompassing the SIP message. In step 1017, the SBSS 107 
forwards the SIP message to the SIP server. 
0118. This process minimizes the impact of frame errors 
on the channel, thereby extending battery life in comparison 
to the conventional approach of FIG. 10A. 
0119 FIG. 11 is a diagram of a communication system 
having a quality of service (QoS) architecture, according to 
an exemplary embodiment. Under this scenario, communica 
tion system 1100 provides Quality of Service (QoS) differ 
entiation across various applications and users. The system 
1100 provides an end-to-end QoS architecture. For delay 
sensitive traffic, the system 1100 provides resource reserva 
tion in the return link (link between UT 111 and SBSS 107). 
The UT 111 maps IP service application requirements to 
UMTS QoS parameters. The SBSS 107 implements admis 
sion control and maps radio access bearer (RAB) QoS to radio 
bearer QoS (L1/L2 parameters). 
0.120. The SBSS 107 communicates over an IP network 
1101 to a 3G-SGSN 1103, which maps QoS request to RAB 
QoS (RAB assignment parameters) based QoS profile. Home 
Subscriber System (HSS) 1105 stores information about the 
subscriber, including QoS profiles. 3G-SGSN 1103 has con 
nectivity to an IP backbone network 1107 for communicating 
with a 3G-GGSN 1109, which maps IP packets to PDP con 
text with different QoS characteristics using, for example, 
TFT packet filters (e.g., address, protocol, port, SPI, TOS). 
The GGSN 1109 interfaces with a firewall 1111 to reach an 
external IP network 1113. A Proxy Call Session Control 
Function (P-CSCF) 1115 (e.g., SIP server) has access to the 
external IP network 1113. 

I0121 For guaranteed bit rate traffic, the system 1100 pro 
vides resource guarantees when actual traffic has enough 
backlog to warrant use of guaranteed resources—when actual 
traffic rate requirement is lower than guaranteed bit rate, the 
system 1100 distributes available bandwidth to other flows in 
the system in a manner proportional to the weight associated 
these other flows. 

I0122) Multiple simultaneous flows in the mobile satellite 
system based on terrestrial 3G architecture are illustrated 
FIG. 12. 

I0123 FIG. 12 is a diagram of a communication system for 
Supporting multiple simultaneous flows for a user terminal 
with different QoS requirement, according to an exemplary 
embodiment. Under this scenario, communication system 
1200 provides for flows associated with different applica 
tions: a web browsing application 1201, a video streaming 
application 1203, and a VoIP application 1205. These appli 
cations 1201, 1203, and 1205, for the purposes of illustration, 
utilize different QoS parameters and are served by a common 
UT 111. As such, multiple flows can arrive simultaneously at 
the SBSS 107 according to differing QoS requirements, and 
be supplied to the UT 111. 
0.124 Given the fact that multiple flows are transported 
over the satellite air interface, such flows can processed to 
achieve better spectral efficiency, as detailed below. 
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0125 FIG. 13 is a flowchart of a process for efficiently 
multiplexing flows, according to various exemplary embodi 
ments. The system 100 permits multiplexing of multiple 
flows belonging to different users in the same physical burst 
to maximize spectral efficiency. In step 1301, the flows are 
monitored; these flows can be for the same terminal or dif 
ferent terminals). The process determines any unused por 
tions of the physical burst, per step 1303. It is then determined 
whether the flows are for the same (or common) terminal, as 
in step 1305. If the flows are for the same terminal, flow 
identifiers (IDs) are inserted into the same physical layer burst 
(step 1307). However, if the flows are not from the same 
terminal, different identifiers (e.g., MAC addresses) corre 
sponding to the terminals are inserted, as in step 1309, into the 
same physical layer burst. The burst is Subsequently transmit 
ted, per step 1311. The formats of this physical layer burst is 
shown in FIGS. 14A and 14B. 

0126 FIGS. 14A-14C are diagrams of exemplary frame 
structures for providing multiplexing of multiple flows, 
according to various exemplary embodiments. By way of 
example, in FIG. 14A, unused portions of a physical (PHY) 
burst 1401 in, e.g., the downlink (from the SBSS 107 to the 
UT 111) can be allocated to eligible flows belonging to poten 
tially different UT's 111 as determined by a scheduler. Physi 
cal bursts in this case may carry multiple unique identifiers 
(e.g., MAC addresses) if the flows correspond to different 
UT's 111. In this example, the physical burst 1401 supports 
three different UTs 111. Accordingly, the burst 1401 provides 
each UT 111 (e.g., UT1, UT2, and UT3) with an identifier 
(e.g., MAC address) and associated payload. Thus, burst 1401 
includes the following fields: UT1 MAC ID and payload for 
UT1: UT2 MAC ID and payload for UT2; and UT3 MAC ID 
and payload for UT3. 
0127. As seen in FIG. 14B, in the uplink (i.e., in the direc 
tion of UT to SBSS), the system 100 permits multiplexing of 
multiple flows belonging to same user terminal 111 in a PHY 
burst 1403. In this case, unused portion of the physical burst 
1403 is allocated to suitable flows of the same UT 111, as 
determined by the scheduler. The physical burst 1403 can 
specify multiple flow identifiers (e.g., addresses) for three 
flows to UT1: Flow ID1, Flow ID2, and Flow ID3. 
0128. In another embodiment, a frame structure 1405 of 
FIG. 14C can support efficient multiplexing of flows belong 
ing to different traffic classes, terminal types (e.g., with dif 
ferent transmit capabilities), and burst types. 
0129 FIG. 15 is a flowchart of a process for utilizing 
performance enhancing proxy (PEP) functions, according to 
an exemplary embodiment. The system 100, as a 3G mobile 
satellite system, can be designed to employ Performance 
Enhancing Proxies (PEP) to improve throughput for various 
applications—e.g., Transmission Control Protocol (TCP) 
based applications. Because much of today's networks are 
either operating with or are required to interface with the 
Transmission Control Protocol/Internet Protocol (TCP/IP) 
suite, attention has been focused on optimizing TCP/IP based 
networking operations. As the networking standard for the 
global Internet, TCP/IP has earned such acceptance among 
the industry because of its flexibility and rich heritage in the 
research community. The transmission control protocol 
(TCP) is the dominant protocol in use today on the Internet. 
TCP is carried by the Internet protocol (IP) and is used in a 
variety of applications including reliable file transfer and 
Internet web page access applications. 
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0.130 PEP functions perform a general class of functions 
termed “TCP spoofing, in order to improve TCP perfor 
mance over impaired (i.e., high latency or high error rate) 
links. TCP spoofing involves an intermediate network device 
(the performance enhancing proxy (PEP)) intercepting and 
altering, through the addition and/or deletion of TCP seg 
ments, the behavior of the TCP connection in an attempt to 
improve its performance. Conventional TCP spoofing imple 
mentations include the local acknowledgement of TCP data 
segments in order to get the TCP data sender to send addi 
tional data Sooner than it would have sent if spoofing were not 
being performed, thus improving the throughput of the TCP 
connection. Generally, conventional TCP spoofing imple 
mentations have focused simply on increasing the throughput 
of TCP connections either by using larger windows over the 
link or by using compression to reduce the amount of data 
which needs to be sent, or both. 
I0131 Under this exemplary application, in step 1501, a 
TCP session is established over the satellite link (i.e., from the 
SBSS 107 to the UT 111). Depending on the direction of 
traffic, the SBSS 107 or the UT 111 can invoke the PEP 
function. In step 1503, it is determined whether to apply PEP. 
If so, the PEP function is invoked, as in step 1505. The PEP 
functionality is invoked when the SBSS 107 has visibility to 
TCP headers (since this is necessary for protocol spoofing). 
(0132. However, in situations where IPSec is used and TCP 
headers are not visible, the system 100 relies on MAC layer 
protocol enhancements that does not require visibility to TCP 
headers. In this embodiment, the MAC layer provides specu 
lative grants to the UT 111 when resources are available in the 
system 100. These speculative grants are used by UT 111 to 
transmit in, e.g., the uplink without explicitly requesting for 
radio resources. This eliminates the round-tip delay involved 
in request/grant exchange between UT 111 and SBSS 107. 
0.133 FIG. 17 illustrates impact of using typical terrestrial 
GPRS MAC protocols, and FIG. 18 illustrates the enhance 
ment in performance due to the PEP functionality. TCP pro 
vides reliable, in-sequence delivery of data between two TCP 
entities. These entities set up a TCP connection, using a 
conventional TCP three-way handshake and then transfer 
data using a window based protocol with the Successfully 
received data acknowledged. 
0.134 FIG. 16 is a diagram of a protocol architecture 
including PEP functions, according to an exemplary embodi 
ment. A protocol architecture 1600 resembles that of archi 
tecture 300 of FIG.3, and can be adopted by the system 100. 
As seen, a PEP layer 1601, 1603 is injected into the protocol 
architecture 1600 in a manner that does not impact the core 
network protocol architecture. The PEP function can be 
entirely absorbed in the Access Stratum protocol architecture. 
PEP function monitors TCP transactions and speeds up trans 
fer of TCP segments across air interface when resources are 
available. It also prevents TCP windows from collapsing due 
to errors on the radio links. 

0.135 FIG. 17 is a ladder diagram of a typical Medium 
Access Control (MAC) protocol exchange over a satellite 
link. This process begins, per step 1701, with a TCP server 
outputting a TCP segment to the SBSS 107, which generates 
multiple L2 frames for transmission over the satellite link to 
the UT 111. These L2 frames are then used to regenerate the 
TCP segment, which is then provided to the TCP client. The 
TCP client subsequently acknowledges, as in step 1703, the 
received TCP segment by issuing a TCPACK message. This 
ACK message triggers a resource allocation process, in which 
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the UT 111 requests resources for sending the ACK message 
to the SBSS 107. In step 1705, the UT 111 submits a request 
for resource, and the SBSS responds with a resource grant 
(step 1707). Per steps 1709 and 1711, the UT 111 provides 
information relating to the resource request (e.g., backlog, 
priority, etc.) to the SBSS 107, which then sends a grant based 
on this information. Thereafter, the UT 111 can send the TCP 
ACK message over the L2 frames to the SBSS 107, as in step 
1713. Lastly, the SBSS 107 forwards the TCPACK message 
to the TCP server. In this process, the resource allocation 
procedure for simply forwarding the TCPACK is expensive, 
introducing significant delay. In recognition of this drawback, 
an approach is provided (shown in FIG. 18) that minimizes 
the delay stemming from the resource allocation procedure. 
0.136 FIG. 18 is a ladder diagram of a MAC protocol 
exchange over a satellite link in which delay is reduced, 
according to an exemplary embodiment. In step 1801, the 
TCP server sends a TCP segment, resulting in the generation 
and transmission of L2 frames from the SBSS 107 to the UT 
111 as in the process of FIG. 17. Unlike this process, in step 
1803, recognizing that an acknowledgement message will be 
forthcoming, the SBSS 107 submits a speculative uplink 
grant for the anticipated TCPACK. 
0137 In step 1805, the UT 111 forwards the TCP segment 
to the TCP client. After receipt of the TCP segment, the TCP 
client, per step 1807, submits a TCPACK. At this point, the 
UT 111 can immediately forward the TCP ACK over the 
satellite link, as resources had been pre-allocated. In step 
1809, the TCP ACK is received by the SBSS 107 and for 
warded to the TCP server. The typical resource allocation 
procedure is avoided in this process, thereby reducing delays 
associated with Such a procedure. 
0138 FIG. 19 is a flowchart of a process for efficiently 
utilizing resources to provide push-to-anything, according to 
an exemplary embodiment. The system 100, in certain 
embodiments, also permits carriage of resource efficient 
Push-to-Anything services. Under this scenario, the end-to 
end architecture of system 100 relies upon terrestrial IP mul 
timedia subsystem (IMS) elements such as PoC servers (as 
shown in FIG. 20). By way of example, the push-to-anything 
process of FIG. 19 is explained with respect to the architec 
ture of FIG. 20. 

0.139. With the architecture 2000, the IMS core 103 
includes one or more PoC servers 2001, a presence server 
2003, and a SIP proxy/registrar server 2005. The presence 
server 2003 provides information on the availability of a 
particular user to receive the PoC communication. The SIP 
proxy/registrar server 2005 assists with establishing SIP ses 
sions. 
0140. In step 1901, the POC server 2001 receives media as 
part of the push-to-anything service. Next, the PoC server 
2001 injects, as in step 1903, multiple unicast streams 
towards the SBSS 107. It is recognized that the radio resource 
usage can be made significantly more efficient for the satellite 
link. Namely, the SBSS 107 need only transmit one such 
stream, per step 1905, in a given spot-beam (e.g., beams 2007 
and 2009), thereby significantly saving radio resources and 
satellite power. In step 1907, the user terminal (with the PoC 
client) receives the single stream. 
0141. A further mechanism for achieving spectral effi 
ciency over the satellite air interface involves examining the 
channel conditions. 
0142 FIG. 21 is a flowchart of a process for providing 
dynamic link adaptation, according to an exemplary embodi 
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ment. This process utilizes dynamic link adaptation whereby 
the transmit power, modulation Scheme, coding scheme and 
resource allocation are adjusted based on UT channel condi 
tion. In step 2101, the UT channel condition is determined. 
After this determination, the UT power can be set, as in step 
2103. For example, to maximize throughput, UT power is 
adjusted up to a threshold so as to mitigate an impaired 
channel condition. When UT transmit power reaches a thresh 
old (as determined in step 2105), modulation and coding 
schemes are adjusted to maximize throughput, per step 2107. 
In certain applications, guaranteed bit rate flows may be Sup 
ported. As such, for guaranteed bit rate flows (as determined 
in step 2109), resource allocations can also be adjusted so as 
to keep the information rate constant, as in step 2111. 
0143. The performance enhancement obtain through the 
application of the above scheme is shown in FIG. 22. 
014.4 FIG.22 is a diagram of agraph show performance of 
a dynamic link adaptation mechanism, according to an exem 
plary embodiment. Specifically, graph 2200 shows three dif 
ferent coding rates, R1, R2, and R3 (in ascending order of 
rates). As seen, throughput can be maximized for each of the 
rates after a particular signal-to-noise (SNR) level. 
0145 FIG. 23 is a ladder diagram of a handover process 
between a terrestrial domain and a satellite domain, according 
to an exemplary embodiment. In the example, the system 100 
(of FIG. 1B) supports in-session handovers between terres 
trial and satellite domains via coordination of resources via, 
e.g., a central resource manager (not shown). In step 2301, the 
UT 111 is in session with terrestrial network 113. In step 
2303, the SBSS 107 communicates with the terrestrial net 
work 113 to convey information regarding the satellite radio 
resources. When the UT 111 is in session on a terrestrial 
network (e.g., network 113), the terrestrial network 113 pro 
vides opportunities for the UT 111 to make measurements of 
adjacent terrestrial cells as well as the overlaid satellite spot 
beams (step 2305). Information about satellite spot-beams is 
provided to the terrestrial RAN 113 by the central resource 
manager in form of measurement reports, per step 2307. In 
turn, the terrestrial network 113 supplies the satellite param 
eters, as in step 2309. 
0146 Based on measurement reports received by the ter 
restrial network 113 (step 2305), the terrestrial network 
decides whether the user terminal should be handed over to a 
terrestrial cell or satellite spot-beam (step 2309). If the deci 
sion is a satellite spot-beam, then the network 113 informs 
user terminal 111 about the details of the satellite spot-beam. 
The user terminal 111 then continues the session, as in step 
2311, with the satellite system and abandons the terrestrial 
system 113. 
0147 FIG. 24 is a flowchart of a process for providing 
legal interception handling, according to an exemplary 
embodiment. Satellite spot-beams generally cover a rela 
tively wide area (e.g., several hundred kilometers in radius) 
compared to a terrestrial cell (e.g., 2-3 km radius). Therefore 
a satellite spot-beam can span across multiple countries and 
jurisdictions. Many countries require that a call originated 
from that country be interceptible in that country. Legal inter 
ception points are typically in the core network domain. 
(0.148. To achieve this, the system 100 can utilize the SBSS 
107 to determine the position of the UT 111 (step 2401). That 
is, the SBSS 107 can track where the packets are routed based 
on UT position, per step 2403. According to one embodiment, 
the SBSS 107 receives orestimates the UT position at the time 
of session origination; and this position information is 
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updated in-session upon UT movement. Depending on UT 
position, the SBSS 107 has a routing functionality to multiple 
core network elements. This is illustrated in FIG. 25 below. 
014.9 FIG. 25 is a diagram of a communication system 
capable of providing legal interception handling, according to 
an exemplary embodiment. Under the architecture 2500, the 
SBSS 107 interfaces with two different terrestrial systems 
2501 and 2503. The SBSS routing functionality can facilitate 
legal interception in core network based on the position of the 
UT. For instance, UT-1 is determined to be in the jurisdiction 
of country A, and thus, the SBSS 107 forwards traffic, 
denoted UT-1 traffic, to the terrestrial system 2501 of country 
A. Also, upon determining that the UT-2 is within the borders 
of country B, the SBSS 107 routes UT-2 traffic to the terres 
trial system 2503 of country B. 
0150. One of ordinary skill in the art would recognize that 
the processes for providing a satellite interface to Support 
mobile communication services may be implemented via 
Software, hardware (e.g., general processor, Digital Signal 
Processing (DSP) chip, an Application Specific Integrated 
Circuit (ASIC), Field Programmable Gate Arrays (FPGAs), 
etc.), firmware, or a combination thereof. Such exemplary 
hardware for performing the described functions is detailed 
below. 
0151 FIG. 26 illustrates exemplary hardware that can be 
used to implement certain embodiments. A computing sys 
tem 2600 includes a bus 2601 or other communication 
mechanism for communicating information and a processor 
2603 coupled to the bus 2601 for processing information. The 
computing system 2600 also includes main memory 2605, 
Such as a random access memory (RAM) or other dynamic 
storage device, coupled to the bus 2601 for storing informa 
tion and instructions to be executed by the processor 2603. 
Main memory 2605 can also be used for storing temporary 
variables or other intermediate information during execution 
of instructions by the processor 2603. The computing system 
2600 may further include a read only memory (ROM)2607 or 
other static storage device coupled to the bus 2601 for storing 
static information and instructions for the processor 2603. A 
storage device 2609, Such as a magnetic disk or optical disk, 
is coupled to the bus 2601 for persistently storing information 
and instructions. 
0152 The computing system 2600 may be coupled via the 
bus 2601 to a display 2611, such as a liquid crystal display, or 
active matrix display, for displaying information to a user. An 
input device 2613, Such as a keyboard including alphanu 
meric and other keys, may be coupled to the bus 2601 for 
communicating information and command selections to the 
processor 2603. The input device 2613 can include a cursor 
control. Such as a mouse, a trackball, or cursor direction keys, 
for communicating direction information and command 
selections to the processor 2603 and for controlling cursor 
movement on the display 2611. 
0153. According to various embodiments of the invention, 
the processes described herein can be provided by the com 
puting system 2600 in response to the processor 2603 execut 
ing an arrangement of instructions contained in main memory 
2605. Such instructions can be read into main memory 2605 
from another computer-readable medium, Such as the storage 
device 2609. Execution of the arrangement of instructions 
contained in main memory 2605 causes the processor 2603 to 
perform the process steps described herein. One or more 
processors in a multi-processing arrangement may also be 
employed to execute the instructions contained in main 
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memory 2605. In alternative embodiments, hard-wired cir 
cuitry may be used in place of or in combination with Soft 
ware instructions to implement the embodiment of the inven 
tion. In another example, reconfigurable hardware Such as 
Field Programmable Gate Arrays (FPGAs) can be used, in 
which the functionality and connection topology of its logic 
gates are customizable at run-time, typically by programming 
memory look up tables. Thus, embodiments of the invention 
are not limited to any specific combination of hardware cir 
cuitry and Software. 
0154 The computing system 2600 also includes at least 
one communication interface 2615 coupled to bus 2601. The 
communication interface 2615 provides a two-way data com 
munication coupling to a network link (not shown). The com 
munication interface 2615 sends and receives electrical, elec 
tromagnetic, or optical signals that carry digital data streams 
representing various types of information. Further, the com 
munication interface 2615 can include peripheral interface 
devices, such as a Universal Serial Bus (USB) interface, a 
PCMCIA (Personal Computer Memory Card International 
Association) interface, etc. 
0155 The processor 2603 may execute the transmitted 
code while being received and/or store the code in the storage 
device 2609, or other non-volatile storage for later execution. 
In this manner, the computing system 2600 may obtain appli 
cation code in the form of a carrier wave. 

0156 The term “computer-readable medium' as used 
herein refers to any medium that participates in providing 
instructions to the processor 2603 for execution. Such a 
medium may take many forms, including but not limited to 
non-volatile media, Volatile media, and transmission media. 
Non-volatile media include, for example, optical or magnetic 
disks, such as the storage device 2609. Volatile media include 
dynamic memory. Such as main memory 2605. Transmission 
media include coaxial cables, copper wire and fiber optics, 
including the wires that comprise the bus 2601. Transmission 
media can also take the form of acoustic, optical, or electro 
magnetic waves, such as those generated during radio fre 
quency (RF) and infrared (IR) data communications. Com 
mon forms of computer-readable media include, for example, 
a floppy disk, a flexible disk, hard disk, magnetic tape, any 
other magnetic medium, a CD-ROM, CDRW, DVD, any 
other optical medium, punch cards, paper tape, optical mark 
sheets, any other physical medium with patterns of holes or 
other optically recognizable indicia, a RAM, a PROM, and 
EPROM, a FLASH-EPROM, any other memory chip or car 
tridge, a carrier wave, or any other medium from which a 
computer can read. 
0157 Various forms of computer-readable media may be 
involved in providing instructions to a processor for execu 
tion. For example, the instructions for carrying out at least 
part of the invention may initially be borne on a magnetic disk 
ofa remote computer. In Such ascenario, the remote computer 
loads the instructions into main memory and sends the 
instructions over a telephone line using a modem. A modem 
of a local system receives the data on the telephone line and 
uses an infrared transmitter to convert the data to an infrared 
signal and transmit the infrared signal to a portable comput 
ing device, such as a personal digital assistant (PDA) or a 
laptop. An infrared detector on the portable computing device 
receives the information and instructions borne by the infra 
red signal and places the data on a bus. The bus conveys the 
data to main memory, from which a processor retrieves and 
executes the instructions. The instructions received by main 
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memory can optionally be stored on storage device either 
before or after execution by processor. 
0158 FIG. 27 is a diagram of exemplary components of a 
user terminal conFIG.d to operate in the systems of FIGS. 1A 
and 1B, according to an exemplary embodiment. A user ter 
minal 2700 includes an antenna system 2701 (which can 
utilize multiple antennas) to receive and transmit signals. The 
antenna system 2701 is coupled to radio circuitry 2703, which 
includes multiple transmitters 2705 and receivers 2707. The 
radio circuitry encompasses all of the Radio Frequency (RF) 
circuitry as well as base-band processing circuitry. As shown, 
layer-1 (L1) and layer-2 (L2) processing are provided by units 
2709 and 2711, respectively. Optionally, layer-3 functions 
can be provided (not shown). Module 2713 executes all 
Medium Access Control (MAC) layer functions. A timing 
and calibration module 2715 maintains proper timing by 
interfacing, for example, an external timing reference (not 
shown). Additionally, a processor 2717 is included. Under 
this scenario, the user terminal 2700 communicates with a 
computing device 2719, which can be a personal computer, 
work station, a Personal Digital Assistant (PDA), web appli 
ance, cellular phone, etc. 
0159 VoIP Burst Format 
(0160 Dedicated Channels (DCH) 
0161 Dedicated channel (DCH) is used to carry dedicated 

traffics (VoIP and data) and associated in-band signaling. 
(0162 DTCH (Dedicated Traffic Channel) is a traffic chan 
nel that is allocated to the terminal in packet dedicated mode. 
It can carry either 2.45 or 4.0 kbps encoded speech. 
(0163. DACCH (Dedicated Associated Control Channel) 
transports signaling message between UT and Gateway when 
UT is in packet dedicated mode. It carries associated control 
information in forward or return link. 
0164. The PNB3(m, n) burst is used to transport the logical 
channels DTCH and DACCH. The first parameter, m, denotes 
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the carrier bandwidth in multiples of basic bandwidth of 
31.25 kHz. The corresponding symbol rate is m times the 
basic symbol rate of 23.4ksps. The second parameter denotes 
the burst duration in multiples of time slot 1.66 (5/3) ms. 
hence if the burst occupies 3(6) timeslots the duration is 5(10) 

S. 

(0165. In GMR-3G, the following PNBs are defined: 

TABLE 1-1 

GMR1-3GPNBS 

Bandwidth Burst Types 

31.25 kHz PNB3(1,3), PNB3(1,6), PNB3(1.8) 

(0166 Packet Normal Bursts: PNB3(1,3), PNB3(1,6), 
(0167 Packet normal bursts PNB3(1,3), PNB3(1,6) and 
PNB3(1.8) are intended to carry either encoded speech or 
user data in a bandwidth reserved manner over DCH (Dedi 
cated Channel). 
(0168 Packet normal bursts PNB3(1,3) and PNB3(1,6) 
Supports two pair of speech and data rates. 
0169. 2.45 kbps voice speech or 2.6 kbps data 
0170 4.0 kbps voice speech or 4 kbps data 
(0171 PNB3(1.8) supports only 4.0 kbps voice speech or 
data. 
0172. The above rates are calculated by the number of 
information bits divided by 40 ms. 
(0173 The voice speech consists of perceptually important 
and unimportant bits. As such, the level of required protection 
is different. Improved spectrum efficiency can be realized by 
exploiting this property. Unequal number of parity bits is 
added to the perceptually important and unimportant bits. 
0.174. The adopted modulation and FEC schemes for these 
bursts are summarized in Table 1-2. 

TABLE 1-2 

PNB3(13). PNB3 (1.6) Burst Summary 

Symbol Burst 
Burst Vocoder Rates Duration 
Type Rate (ksps) (ms) 

PNB3 4 kbps 23.4 5 
(1,3) 

PNB3 2.45 kbps 23.4 5 
(1,3) 

PNB3 4 kbps 23.4 10 
(1,6) 

PNB3 4 kbps 23.4 5 
(1,3) 

PNB3 2.45 kbps 23.4 10 
(1,6) 

Info Coded Code 
Modulation Payload FEC Bits Bits Rates 

pi/4-QPSK Perceptually TB. Conw. K = 9 108 30 O.83 
important bits 
Perceptually No coding 64 64 1.00 
unimportant bits 
Data over VoIP TB. Conw. K = 9 160 94 O.82 

pi/4-QPSK Perceptually TB. Conw. K = 9 60 12 O.S4 
important bits 
Perceptually TB. Conw. K = 5 50 82 O.61 
unimportant bits 
Data over VoIP TB. Conw. K = 9 104 94 O.S4 

pi/4-QPSK Perceptually TB. Conw. K = 9 108 266 O41 
important bits 
Perceptually TB. Conw. K = 5 64 30 O.49 
unimportant bits 
Data over VoIP TB. Conw. K = 9 160 396 O.40 

pi/4-QPSK Perceptually TB. Conw. K = 9 108 30 O.83 
important bits 
Perceptually No coding 64 64 1.00 
unimportant bits 
Data over VoIP TB. Conw. K = 9 160 94 O.82 

pi/2-BPSK Perceptually TB. Conw. K = 9 60 14 O.S3 
important bits 
Perceptually TB. Conw. K = 5 50 84 O.60 
unimportant bits 
Data over VoIP TB. Conw. K = 9 104 98 O.S3 
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PNB3 (1.3). PNB3(1,6) Burst Summary 

Symbol Burst 
Burst Vocoder Rates Duration 
Type Rate (kSps) (ms) Modulation Payload 

PNB3 4 kbps 23.4 13.333 pi/2-BPSK Perceptually 
(1.8) important bits 

Perceptually 
unimportant bits 
Data over VoIP 

(0175. The Keep Alive Bursts (KABs) are transmitted over 
both downlink and uplink DCH carrier to fill in during a 
silence period. It only includes UWs and a few symbols. The 
symbols are placed in a unique way so that they exploit the 
proximity of UWs in the demodulation process. The reduced 
number of symbols in the burst save the UT and satellite 
transmit power. It contains Golay coded power control bits. 
(0176 VoIP Burst Structure 
0177 PNB3 Burst Format and Characteristics 
(0178. PNB3 bursts consist of three different types of 
fields. They are summarized as 
0179 Payload: Payload carries user data and/or control 
messages. Payload is modulated either by n/2-BPSK or n/4- 
QPSK and it is encoded with convolutional code for various 
rates. 

0180 Guard: Guard symbols (along with network syn 
chronization) between the consecutive burst allow the period 
for carrier power ramp up and down. 
0181 UW (Unique Words): Unique Words (UW) assists 
burst synchronization Such as timing, phase, and frequency 
estimation. 
0182. The PNB3(1.3) burst is intended to carry either 
encoded 2.45 kbps or 4 kbps speech or user data. The burst 
format for this three-slot burst format is illustrated in FIG. 1-1 
(FIG. 28). Since there are two types of information bits in 
speech, i.e., perceptually important and perceptually unim 
portant bits, to maximize interleaving gain the bits are 
arranged in a specific order. These unique arrangements also 
yield significant coding gain in fading channels. However, for 
data no Such arrangement is required. 
0183 PNB3(1,3), 4 kbps consists of 96 perceptually 
important bits, 7 control bits, 5 CRC bits and 64 perceptually 
unimportant bits. The 7 control bits consist of Golay coded 
power control bits and link quality indicator bits. The 5CRC 
bits are appended at the end of the 103(=96+7) perceptually 
important and control bits to form an input block of length 
108 bits. This block is encoded using a rate /2 constraint 
length 9 tail-biting convolutional code to obtain a block of 
216 coded bits. Out of this block, 86 bits are punctured to 
obtain a block of 130 coded bits. The 64 perceptually unim 
portant bits are not coded or punctured. After coding and 
puncturing, the 130 perceptually important coded bits and 64 
perceptually unimportant bits are converted to 65 and 32 
JL/4-QPSK symbols, respectively. In total, these 97 payload 
symbols are distributed across the burst shown in FIG. 1-1 
(FIG. 28). The first 8 and the last 8 perceptually unimportant 
symbols are assigned to the first 8-symbol payload and the 
last 8-symbol payload, respectively. Of the middle 81-symbol 
payload, the first 65 bits and the last 65bits are taken from the 
first 65 and last 65 perceptually important bits, respectively. 

FEC Bits Bits 
Info Coded Code 

Rates 

TB. Conv. K = 9 108 186 O.S8 

TB. Conv. K = 5 64 94 O.68 

TB. Conv. K = 9 160 28O 0.57 

The remaining 32 bits in the middle portion of the payload are 
filled with the middle 32 bits from perceptually unimportant 
bits. 
(0.184 PNB3(1,3), 2.45 kbps consists of 48 perceptually 
important bits, 7 control bits, 5 CRC bits and 50 perceptually 
unimportant bits. The 7 control bits consist of Golay coded 
power control bits and link quality indicator bits. The 5CRC 
bits are appended at the end of the 55(48+7) perceptually 
important and control bits to form an input block of length 60 
bits. This block is encoded using a rate /2 constraint length 9 
tail-biting convolutional code to obtain a block of 120 coded 
bits. Out of this block, 8 bits are punctured to obtain a block 
of 112 coded bits. The 50 perceptually unimportant bits are 
encoded using a rate /2 constraint length 5 tail biting convo 
lutional code to obtain a block of 100 coded bits. Out of this 
block 18 bits are punctured to obtain a block of 82 coded bits. 
After coding and puncturing, the 112 perceptually important 
coded bits and 82 perceptually unimportant coded bits are 
converted to 56 and 41 L/4-QPSK symbols, respectively. As 
before, these 97 payload symbols are distributed across the 
burst. The first 8 and the last 8 perceptually unimportant 
symbols are assigned to the first 8-symbol payload and the 
last 8-symbol payload, respectively. Of the middle 81-symbol 
payload, the first 28 symbols and the last 28 symbols are taken 
from the first 28 and last 28 perceptually important symbols, 
respectively. The remaining 25 symbols in the middle portion 
of the payload are filled with the middle 25 symbols from 
perceptually unimportant symbols. 
0185. PNB3(1,3)4 kbps for data channel consists of 138 
data bits, 6 control bits and 16 CRC bits. The 6 control bits 
consist of Golay coded power control bits and link quality 
indicator bits. The 16 CRC bits are appended at the end of the 
144(=138+6) information and control bits to form a block of 
160 bits. This block is encoded using a rate /2 constraint 
length 9 tail-biting convolutional code to obtain a block of 
320 coded bits. Out of this block, 126 bits are punctured to 
obtain a block of 194 coded bits. 

0186 PNB3(1,3) 2.6 kbps, data channel over VOIP con 
sists of 82 data bits, 6 control bits and 16 CRC bits. The 6 
control bits consist of Golay coded power control bits and link 
quality indicatorbits. The 16-bit CRC bits are appended at the 
end of 88(82+6)) information and control bits to form a 
block of 104 bits. This block is encoded using a rate /2 
constraint length 9 tail-biting convolutional code to obtain a 
block of 208 coded bits. Out of this block, 14 bits are punc 
tured to obtain a block of 194 coded bits. 

0187. For data, either 2.45 kbps or 4 kbps, after coding and 
puncturing, the 194 information bits are converted to 97 L/4- 
QPSK symbols which are assigned across the burst (97-8+ 
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0188 FIG. 1-1. PNB3(1,3) Uplink and Downlink Burst 
Format: Number in Units of Symbol 
(0189 The burst formats for KAB3(1,3) is shown in FIG. 
1-2. After coding, the 8bits, consisting of Golay coded power 
control bits and link quality indicator bits, are converted to 
JL/2-BPSK symbols. Out of 198 payload symbols in PNB3(1, 
3), only 8 are required to transmit KAB3 as shown in FIG. 
1-2. The 8 symbols are divided into two segments each con 
taining 4 symbols and the segments are placed adjacent to the 
unique word fields. No signal is transmitted over the rest of 
the payload portion. 
0.190 FIG. 1-2. KAB3(1,3) 
0191 At the transmitter, the modulated symbols are 
phase-rotated for better spectral efficiency. The amount of 
phase rotation is modulation dependent. To be specific, for 
BPSK and QPSK, the symbols are progressively rotated by 
JL/2 and JL/4, respectively. Note that while for BPSK, both the 
unique word and payload symbols are progressively phase 
rotated by JL/2, for QPSK only the payload symbols are pro 
gressively phase-rotated by JL/4. In other words, for QPSK, 
the unique word symbols are transmitted without phase rota 
tion. Since the unique words for QPSK voice and data are 
chosen in Such a way that the maximum phase transition 
between Successive symbols is tal/2, the unique words pro 
vide desirable spectral efficiency even without the JL/4-phase 
rotation. This innovative approach in UW design ensures 
efficient classification performance when transmitted burst 
can support both BPSK and QPSK modulation schemes. 
(0192 Like PNB3(1,3), PNB3(1,6) can also carry either 
2.45 kbps or 4 kbps speech or user data. 
(0193 PNB3(1,6), 4 kbps consists of 96 perceptually 
important bits, 7 control bits, 5 CRC bits and 64 perceptually 
unimportant bits. The 7 control bits consist of Golay coded 
power control bits and link quality indicator bits. The 5CRC 
bits are appended at the end of the 103(=96+7) perceptually 
important and control bits to form an input block of length 
108 bits. This block is encoded using a rate /3 constraint 
length 9 tail-biting convolutional code to obtain a block of 
324 coded bits. Out of this block, 58 bits are punctured to 
obtain a block of 266 coded bits. The 64 perceptually unim 
portant bits are encoded using a rate /3 constraint length 5 tail 
biting convolutional code to obtain a block of 192 coded bits. 
Out of this block, 62 bits are punctured to obtain a block of 
130 coded bits. After coding and puncturing, the 266 percep 
tually important bits and 130 perceptually unimportant bits 
are converted to 133 and 65 L/4-QPSK symbols, respectively. 
As before, these 198 payload symbols are distributed across 
the burst. The first 32.5 perceptually unimportant symbols are 
assigned to the first 8-symbol payload and the middle 24.5 
symbols of the next 91-symbol payload. The rest of the 32.5 
perceptually unimportant symbols are assigned to the middle 
24.5 symbols of the second 91-symbol payload and the last 
8-symbol payload. The unused 91-symbol payload portion at 
the beginning and end are assigned to 33 and 33.5 perceptu 
ally important symbols, respectively, for the first one. For the 
second 91-symbol payload, 33.5 and 33 perceptually impor 
tant symbols are assigned to the first and the last unused 
portion, respectively. 
(0194 PNB3(1,6), 2.45 kbps consists of 48 perceptually 
important bits, 7 control bits, 5 CRC bits and 50 perceptually 
unimportant bits. The 7 control bits consist of Golay coded 
power control bits and link quality indicator bits. The 5CRC 
bits are appended at the end of the 55(48+7) perceptually 
important and control bits to form an input block of length 60 
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bits. This block is encoded using a rate /2 constraint length 9 
tail-biting convolutional code to obtain a block of 120 coded 
bits. Out of this block, 6 bits are punctured to obtain a block 
of 114 coded bits. The 50 perceptually unimportant bits are 
encoded using a rate /2 constraint length 5 tail biting convo 
lutional code to obtain a block of 100 coded bits. Out of this 
block, 16 bits are punctured to obtain a block of 84 coded bits. 
After coding and puncturing, the 114 perceptually important 
coded bits and 84 perceptually unimportant coded bits are 
converted to JL/2-BPSK symbols. In total, these 198 payload 
symbols are distributed across the burst shown in FIG. 1-3. 
The first 42 perceptually unimportant symbols areassigned to 
the first 8-symbol payload and the middle 34 symbols of the 
next 91-symbol payload. The rest of the 42 perceptually 
unimportant symbols are assigned to the middle 34 symbols 
of the second 91-symbol payload and the last 8-symbol pay 
load. The unused 91-symbol payload portion at the beginning 
and end are assigned to 28 and 29 perceptually important 
symbols, respectively, for the first one. For the second 
91-symbol payload, 29 and 28 perceptually important sym 
bols are assigned to the first and the last unused portion, 
respectively. 
(0195 PNB3(1,6) 4 kbps for data channel consists of 138 
data bits, 6 control bits and 16 CRC bits. The 6 control bits 
consist of Golay coded power control bits and link quality 
indicator bits. The 16 CRC bits are appended at the end of the 
144(=138+6) information and control bits to form a block of 
160 bits. This block is encoded using a rate /3 constraint 
length 9 tail-biting convolutional code to obtain a block of 
480 coded bits. Out of this block, 84 bits are punctured to 
obtain a block of 396 coded bits. 

(0196. PNB3(1,6) 2.6 kbps for data channel consists of 82 
data bits, 6 control bits and 16 CRC bits. The 6 control bits 
consist of Golay coded power control bits and link quality 
indicator bits. The 16 CRC bits are appended at the end of the 
88(=82+6) information and control bits to form a block of 104 
bits. This block is encoded using a rate /2 constraint length 9 
tail-biting convolutional code to obtain a block of 208 coded 
bits. Out of this block, 10 bits are punctured to obtain a block 
of 198 coded bits. 
0.197 For 4 kbps data, after coding and puncturing, the 396 
information bits are converted to 198 JL/4-QPSK symbols 
which are assigned across the whole burst (198=8+91+91+8). 
Similarly, for 2.45 kbps data, after coding and puncturing, the 
198 information bits are converted to JL/2-BPSK symbols 
which are assigned across the burst (198=8+91+91+8). 
0198 Since there are two different modulation type 
involved in PNB3(1,6) bursts, the amount of phase rotation is 
modulation dependent. At the transmitter, the payload sym 
bols are progressively rotated by JL/4 for better spectral effi 
ciency. Note that only the payload symbols are progressively 
phase rotated while the unique word symbols are transmitted 
without phase rotation. Since the unique words for QPSK 
Voice and data are chosen in Such a way that the maximum 
phase transition between Successive symbols is ta/2, the 
unique words provide desirable spectral efficiency even with 
out the JL/4-phase rotation. 
(0199 FIG. 1-3. PNB3(1,6) Uplink and Downlink Burst 
Format: Number in Units of Symbol 
(0200. The burst format for KAB3(1,6) is illustrated in 
FIG. 1-4. After coding, the 16 bits, consisting of Golay coded 
power control bits and link quality indicator bits, are con 
verted to JL/2-BPSK symbols. Out of 198 payload symbols in 
PNB3(1,6), only 16 are required to transmit KAB3. The 16 
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symbols are divided into four segments each containing 4 
symbols and the segments are placed adjacent to the unique 
word fields. No signal is transmitted over the rest of the 
payload portion. 
0201 FIG. 1-4. KAB3(1,6) 
(0202) The burst format for PNB3(1.8) is illustrated in FIG. 
1-5. PNB3(1.8), 4 kbps consists of 96 perceptually important 
bits, 7 control bits, 5 CRC bits and 64 perceptually unimpor 
tant bits. The 7 control bits consist of Golay coded power 
control bits and link quality indicator bits. The 5CRC bits are 
appended at the end of the 103(=96+7) perceptually impor 
tant and control bits to forman input block of length 108 bits. 
This block is encoded using a rate /2 constraint length 9 
tail-biting convolutional code to obtain a block of 216 coded 
bits. Out of this block, 30 bits are punctured to obtain a block 
of 186 coded bits. The 64 perceptually unimportant bits are 
encoded using a rate /2 constraint length 5 tail biting convo 
lutional code to obtain a block of 128 coded bits. Out of this 
block, 34bits are punctured to obtain a block of 94 coded bits. 
After coding and puncturing, the 186 perceptually important 
coded bits and 94 perceptually unimportant coded bits are 
converted to JL/2-BPSK symbols. In total, these 280 payload 
symbols are distributed across the burst. The first 8 and the 
last 8 perceptually unimportant symbols are assigned to the 
first 8-symbol payload and the last 8-symbol payload, respec 
tively. Of the first 132-symbol payload, the first 46 symbols 
and the last 47 symbols are taken from the first 46 and next 47 
perceptually important symbols, respectively. The remaining 
39 symbols in the middleportion of the payloadare filled with 
39 symbols from perceptually unimportant symbols counting 
after the initial 8 symbols. Of the second 132-symbol pay 
load, the first 47 symbols and the last 46 symbols are taken 
from the next 47 and 46 perceptually important symbols, 
respectively. The remaining 39 symbols in the middle portion 
of the payload are filled with the next 39 symbols from per 
ceptually unimportant symbols. 
0203 PNB3(1.8) 4 kbps for data channel consists of 138 
data bits, 6 control bits and 16 CRC bits. The 6 control bits 
consist of Golay coded power control bits and link quality 
indicator bits. The 16 CRC bits are appended at the end of the 
144(=138+6) information and control bits to form a block of 
160 bits. This block is encoded using a rate /2 constraint 
length 9 tail-biting convolutional code to obtain a block of 
320 coded bits. Out of this block, 40 bits are punctured to 
obtain a block of 280 coded bits. After coding and puncturing, 
the 280 information bits are converted to L/2-BPSK symbols 
which are assigned across the burst (280–8+132+132+8). 
0204 FIG. 1-5. PNB3(1.8) Uplink and Downlink Burst 
Format: Number in Units of Symbol 
0205 The burst format for KAB3(1.8) is illustrated in 
FIG. 1-6. The number of bits, modulation, their relative posi 
tions around UWs are same as in KAB3(1,6). 
0206 FIG. 1-6. KAB3(1.8) Burst Format: Number in 
Units of Symbol 
0207 Since all the burst types in PNB3(1.8) involve only 
one type of modulation, both the payload and UW BPSK 
symbols are progressively phase-rotated by JL/2 for better 
spectral efficiency. 
0208 VOIP Unique Word Design 
0209 Known sequences of symbols are placed in the 
structure of a burst along with payload (user data) to help the 
receiver estimate unknown parameters. Common unknown 
parameters include timing, frequency, phase and channel 
coefficient information. Known sequence can also be used to 

Aug. 5, 2010 

identify a specific type of burst if it is used as a signature 
sequence pertinent to that burst. This procedure of identifica 
tion is called burst classification and the known sequence is 
referred to as unique words. 
0210. At the receiver, the signature sequences are matched 
with the received sequence and the closest match distin 
guishes the burst type. Usually burst classification is per 
formed to determine the presence of a specific type of burst 
e.g., random access channel (RACH). However, in the pro 
posed invention we will explain how burst classification can 
be exploited to determine the vocoder rate as well enabling 
higher throughput and lower overhead. 
0211 For efficient classification ofbursts, the unique word 
sequence should meet the following two criteria 
0212. The auto-correlation function of the sequence 
should have very narrow main-lobe and very low side lobe. 
High auto-correlation provides noise immunity especially at 
low SNR. 
0213. The cross-correlation function between two unique 
word sequences should be very low especially at Small lags. 
The cross-correlation property helps distinguish correct 
sequence among all the candidate sequences. 
0214. The normalized aperiodic auto-correlation function 
of a BPSK-modulated unique word sequence {x}, Xe-1,+ 
1, n=0, 1,...,N-1, is given by 

N-- 1 (1) 
X w.r. Og is N - 1 
=0 

C(t) = 
1 N-- 

Xx ... - N + 1 < t < 0 
=0 

0215 and the normalized cross-correlation two unique 
word sequences 
{x}, Xe-1,+1, n=0, 1,. 
1,...,N-1, is given by 

(2) 

0216 We will use VoIP (Voice over Internet Protocol) 
burst, PNB3(1,6) (Packet Normal Burst) to illustrate how 
vocoder rate can be determined from unique words. However, 
this invention is not limited to any specific VoIP burst and can 
be extended to any burst structure that carries known 
Sequences. 
0217 Both PNB3(1.3) and PNB3(1,6) support five differ 
ent burst types while PNB3(1.8) supports three different 
bursts types. The vocoder rates, traffic type and/or modulation 
are different for these bursts. A list of all burst types are given 
below. 

PNB3(1,3) 
0218 1) 2.45 kbps (fA-QPSK modulated voice 
0219. 2) 2.45 kbps (fA-QBPSK modulated data 
0220 3) L/2-BPSK modulated KAB3 
0221) 4) 4.0 kbps L/4-QPSK modulated voice 
0222 5) 4.0 kbps L/4-QPSK modulated data 
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PNB3(1,3) 

0223) 1) 2.45 kbps U2-BPSK modulated voice 
0224. 2) 2.45 kbps U2-BPSK modulated data 
0225. 3) L/2-BPSK modulated KAB3 
0226 4) 4.0 kbps L/4-QPSK modulated voice 
0227 5) 4.0 kbps L/4-QPSK modulated data 

PNB3(1.8) 

0228. 1) 2.45 kbps U2-BPSK modulated voice 
0229. 2) 2.45 kbps U2-BPSK modulated data 
0230 3) L/2-BPSK modulated KAB3 
0231. Note that by assigning a signature set of unique 
words to each vocoder rate (burst type), we eliminate the 
overhead required at the upper layer to distinguish different 
rates. This novel approach enables the upper layer to Support 
multiple vocoder rates with zero byte header compression. At 

Burst Type 

PNB3(1,3) 

PNB3(1,6) 

PNB3(1,8) 

the receiver, the vocoder rate information can be retrieved 
entirely from burst classification performed at the physical 
layer. The positions of unique words for different burst types 
are depicted in FIG. 1-1, FIG. 1-2 and FIG. 1-3 for PNB3(1, 
3), PNB3(1,6), and PNB3(1.8), respectively. For example, in 
PNB3(1,3), two-segment unique words of length 8 and 7 are 
placed on either side of the payload. Similarly, for PNB3(1.6) 
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and PNB3(1.8), unique word set of (10+11+10) and (8+11+8) 
are used, respectively. Note that unique words are divided into 
segments and are positioned far apart from one another so that 
correlation against the signature sequence can combat chan 
nel-induced fading across the burst. 
0232 For both PNB3(1,3) and PNB3(1,6), a set of five 
unique words have seen designed to classify five different 
burst types. For PNB3 (1.8) there are three sets of unique 
words as there are only three bursts to classify. The set of 
unique words are presented in Table 1-3. Note that the 
sequences are given in bit format. For PNB3(1,3), only KAB3 
(1,3) UW bits are JL/2-BPSK modulated while the rest of the 
bursts are QPSK modulated with no extra L/4-rotation. For 
PNB3(1,6), 2.45 kbps voice, 2.45 kbps data and KAB3 UW 
bits are JL/2-BPSK modulated while 4.0 kbps voice and 4.0 
kbps data UW bits are QPSK modulated with no extra L/4- 
rotation. For PNB3(1.8), UW bits for all the bursts are JL/2- 
BPSK modulated. 

TABLE 1-3 

PNB3(13). PNB3 (1.6) and PNB3(1.8) Unique Word Pattern 

Unique 
Words Segment 1 Segment2 Segment3 

UW 4 1 O 1 1 0 1 0 OO 10 OOO 100 1 0 1 1 1 O NAA 
(2.45 k O 1 O 11 OO 
speech) 
UW 3 O 1 OOO 1 OO 100 OO 10 1 1 0 1 1 1 0 1 NA 
(2.45 k O 1 OOO OO 

UW 5 1 O1 OO 10 1 1 1 1 0 1 1 1 OOO 1 O NA 
(4.0 k 1 O 111 OO 
speech) 
UW 1 0 1 00 0 1 1 1 0 1 1 1 1 0 1 1 1 0 1 11 1 0 NFA 
(4.0 k data) 1 1 0 1 1 11 
UW 2 OO 1 1 0 1 11 1 0 1 OO NA 

(KAB3) 1 O 
UW 1 1 OO 1 1 O 1 OO 11 OO OO 11 
(2.45 k O O 1 1 OO OO 1 1 O 
speech) 
UW 2 1 O 1 O 1 O 1 OOO 1 1 O1 
(2.45 k 1 OOO 1 1 O O 1 OOO 

UW 4 1 O 1 1 0 1 1 1 0 1 1 OOO 100 1 0 1 1 0 1 O 1 OOO 1 O 
(4.0 k 1 O 1 OOO 1 OO OOO 100 1 0 1 1 OO 1 OO 1 OOO 
speech) O 
UW 5 O 1 OO 10 1 1 1 OO 11 1 OOO 10 1 1 1 0 OO 10 1 1 0 1 1 
(4.0 k data) 0 1 0 00 0 1 00 1 1 0 1 OOO 111 O 1 1 1 OOO 

O 
UW 3 O 1 O 1 O1 OO 1 1 0 1 0 O 1 O 1 O 
(KAB3) 1 O 1 O 1 OO O 1 O 
UW 1 1 OOO 11 1 OO 11 OO OOO1 
(4.0 k 1 O 1 1 OO O 
speech) 
UW 2 OO 1 1 0 1 1 O 1 OOO 1 OO 1 1 O 

(4.0 k data) 10 1 1 O O 
UW 3 1 OO 1 OO OO 1 1 0 1 0 OO 10 
(KAB3) 11 1 OO O 1 1 

0233 Receiver Design 
0234. The received signal after a frequency non-selective 
fading channel can be expressed as 

r(t)=w(t): x(t-t')exp(i(2JIf t +po))+n(t) (1-1) 

0235 where w(t) is the fading induced complex multipli 
cative factor, t is timing offset, f is the frequency offset, (po is 
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the phase offset, and n(t) is the complex white Gaussian noise 
with double-sided power spectral density level of No/2 (watts/ 
HZ). The parameters t, f, and (po are assumed to be constant 
over each received burst duration but unknown a-priori. The 
accurate estimation of these parameters is a pre-requisite for 
the successful demodulation of the burst. 
0236. The timing offset, t, is assumed to be in the range of 
-T/2. +T/2 and the frequency offset, Af, is assumed be in 
the range of -200, +200 Hz. 
0237 Receiver Design 
0238. The receiver performs the following functions in a 
sequential manner: 

0239. Matched Filter and RSSI estimation 
0240 Timing estimation 
0241 Timing correction by interpolation and decima 
tion 

0242 Frequency estimation and correction 
0243 Phase estimation and correction 
0244 Amplitude estimation and correction 
0245 SNR estimation 
0246 Soft bit generation and symbol decision 

0247. The parameter values of PNB3(1,3), PNB3(1,6) or 
PNB3 (1.8) demodulator are summarized in Table 1-4. 

TABLE 1-4 

PNB3(1,n), n = 3, 6 or 8. Demodulator Parameters 

Module Parameter Values 

SQRC Matched Filtering Number of symbols in a burst: N = 39* in 
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sive loop filters are used across the received bursts during a 
call. Note that different values shall be used for the filter 
coefficients, depending on the channel condition and burst 
type. 
0249. Matched Filter 
0250) At the receiver, the signal r(t) is sampled at a rate of 
MITs samples per second (i.e., symbol over-sampled by a 
factor of M=4). The resultant discrete-time signal, r(n), is 
passed through a discrete time matched filter hi(n), to 
obtain 

(0251 where N is the number of symbols per burst. Note 
that h(n) is the truncated and time shifted version of the 
pulse shaping filter given in (1-3) in Sampled at the sampling 
rate M/T given by 

., MN-1 (1-2) 

(1 + a)7tn' (1-3) 
COS --- 

N (1 - a)7in' 
SI - 

4ain' 
htrunc(n) = for 0 < n < LM - 1 

Roll-off factor: C = 0.35, Filter window size: L = 8 symbols 
Number of samples per symbol: M = 4 

RSSI Estimation 
Number of samples per symbol: M = 4 
Number of symbols used in the RSSI calculation: N- 5 

Timing Acquisition Number of samples per symbol: M = 2 
Correlation based acquisition using UW 

Timing Tracking. Number of samples per symbol for symbol timing estimation: M = 4 
interpolation and Interpolation filter tap length: I = 16 
Decimation Oversampling factor for interpolation: w = 8 

Burst Classification Number of samples per symbol: M = 2 

tracking with BPSK (QPSK). 
Frequency Tracking Number of samples per symbol: M = 1 

state tracking with BPSK (QPSK) 
Number of samples per symbol: M = 1 
UW based phase estimation 
Number of samples per symbol: M = 1 

Phase Estimation 

Second Stage Phase 

Timing uncertainty search range-T, T1: T1 s 21 usec 

in Acquisition Correlation based acquisition using UW 
Burst Classification Number of samples per symbol: M = 1 
in Tracking Correlation based acquisition using UW 
Frequency Number of samples per symbol: M = 1 
Acquisition Modulation removed frequency search range: -fA, fa and step size. 

f = 450 Hz (900 Hz) with step size of 50 Hz (100 Hz) for the initial 

Modulation removed frequency search range: -fA, fa and step size. 
f = 450 Hz (180 Hz) with the step size of 10 Hz (20 Hz) for the steady 

Tracking Length of estimation interval: 59, Relative alignment interval: 9 
Amplitude Number of samples per symbol: M = 1 
Estimation 
SNREstimation Number of symbols used in the SNR calculation: N- 5 
Soft Decision 8 bit quantization 
Generation 

0248. Note that since the frequency offset is assumed to be 0252) 
much smaller than the symbol rate (200 Hz, Vs. 23.4Ksym 
bol/sec), the symbol timing can be recovered prior to fre 
quency correction. After the timing offset correction, the rest 
of the process can be performed at a symbol rate of T. For 
the reliable estimation of timing and frequency offset, recur 

where n'=n-LM/2+/2. Note that the above filter is 
causal and spans L Symbol duration. Due to the power ramp 
up and down, the guard symbols are not used for the further 
processing (e.g., timing estimation). 
(0253) Acquisition Mode 
0254. At the beginning of the call setup the receiver oper 
ates in the acquisition mode which is depicted in FIG. 1-7. 
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The acquisition period lasts over the first 50 bursts where 
receiver attempts to acquire the timing and frequency infor 
mation and later used for the tracking mode. Burst classifica 
tion is also performed simultaneously with the timing estima 
tion. 

0255 FIG. 1-7. PNB3(1..n), n=3, 6 or 9, Demodulator in 
the Acquisition Mode 
0256 
0257. In the acquisition mode, the unique word (UW) 
based correlation approach in employed to retrieve the timing 
information and burst type simultaneously. The UWs for 
different burst types are presented in Table 1-3. We will only 
use PNB3(1,6) as an example burst to explain the algorithm in 
detail. However, extension to other burst types is straightfor 
ward and will not be repeated for brevity. 
0258. The unique word portion of the received burst is 
matched against all the five unique words corresponding to 
five possible bursts. Let {ro, r1, ..., rosa, ross represent the 
received burst at the output of the matched filter with 4 
samples per symbol. Of this received burst, {ra, ras,..., rss). 
ras, ra49. . . . . rag and rsso, rss7. . . . , rs9s) represent 4 
samples/symbol version of the 1st, 2nd and the 3rd segment of 
the unique word, respectively. For each burst, the unique word 
segments are correlated against the corresponding received 
segments and non-coherently combined according to 

Timing Acquisition and Burst Classification 

C(i) = (1-4) 
2 2 6. 2 4. 

-- -- 

1 s is 5, -2 s is 2 

0259 where c, (j) denotes the cross-correlation value 
between the received samples, r, and the i-th unique word 
samples, u', for the sample time indexj. Note that the indices 
of the received symbols account for their position in the 
received burst with respect to the unique word segments. For 
correlation, uniques word templates of 2 samples/symbol are 
used which can be generated using the simulator. The 
received burst is also decimated to have 2 samples/symbol 
(from 4 samples/symbol) to form the correlation. The sample 
index j determines the timing offset while the unique word 
index i determines the burst type by taking the argument of the 
maximum correlation value. 

ld 

0260 where i* denotes the index of the unique word that 
corresponds to the classified burst and determines the tim 
ing offset. The coarse timing delay is given by 

r T . 
coarse 4 J 

(1-6) 

0261) A fine timing estimation is obtained by 3-point 
Lagrange interpolator as given by 
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T 1-7 * = (j + A); (1-7) 
where 

1 C.(j - 1) - C(i+1) (1-8) 
2 Citi - 1) + cji - 1) - 2C(i) At = 

0262. Note that At should not be greater than 0.5 and has to 
be setto Zero if a numerical error results in a value greater than 
O.5. 

0263. In the acquisition mode, timing estimates obtained 
from (1-7) over N50 bursts shall be averaged to provide the 
accurate reference for the tracking mode. During the initial 
state, the estimate given by (1-7) will be used for the timing 
compensation. 
0264. Symbol Timing Correction by Interpolation and 
Decimation 

0265 Prior to decimation, or symbol sampling, symbol 
timing adjustment is performed by interpolating the matched 
filter output. This interpolation is needed since the samples 
available at the matched filter output for the decimation are 
only T/Mapart (T/4 in our case). To elaborate this point, first 
let's decompose the estimated symbol timing delay top) in 
(1-7) as 

T. A iP’ = k + Ar (1 - 9) 

0266 where 0s.At<T/M and kisan integer. The expected 
sample at the symbol timing is 

y(n) = ztnT, -- { -- Ar) (1 - 10) 

0267 whereas the available samples are only 

Hence the interpolation can be performed to re-construct the 
sample values at the desired sampling timing 

T 
nT + k + At : 

k+ Ar (1 - 11) (n) = (nT. y 3. S 

-) T. i? - i X-lii + Atlant, -- (k i) 

0268 where the truncated sinc filter (I-16) is used for 
interpolation filter 
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sin(4t. if T) 
(47t. if T) 

h(t) = (1 - 12) 

0269. To make the interpolation more practical, the inter 
polation filter are constructed based on the quantized value of 
AT, and the interpolation filtering is performed by selecting 
the closest set of coefficients. Evenly quantizing Atto V levels 
within one sample duration of T/M (thus the resolution of 
T/(VM)), interpolation accuracy down to T/(2-M.-V) can be 
achieved. For the implementation, v=8 shall be used. After 
symbol timing correction, the rest of the process will be 
performed at a symbol rate of T. (one complex sample/ 
symbol). 
0270 Frequency Estimation 
0271 In this function, the followings are performed in the 
order presented. 
0272 De-rotation (t/2-BPSK to BPSK or at/4-QPSK to 
QPSK signal constellation) 
0273 Modulation Removal 
(0274 Frequency offset 
removed symbols. 

estimation on modulation 

(0275 Recursive loop 
0276 5. Frequency offset compensation 
(0277 De-rotation 
0278. The output symbols of the interpolator are de-ro 
tated to BPSK or QPSK symbols by 

(1 - 13) in 
yd (n) = y(n)exp(-i) for n = 0, ... , N - 6 

0279 where n is an integer denoting the symbol time 
index, excluding first three guard symbols, a 1(2) for BPSK 
(QPSK). The first payload symbol index is 0 and this conven 
tion will be used for the rest of the document. 
0280 Modulation Removal 
0281. If we denote the y(n) in the polar domain as 

y(n)=p(n) exp(ip(n)) for n=0,..., N-6 (1-14) 

0282. The modulation on de-rotated symbols can be 
removed as follows 

(0283 where q2 and r=2a, a=1(2) for BPSK (QPSK). 
Note that because of the modulation removal process, the 
frequency offset is effectively doubled and quadrupled for 
BPSK and QPSK, respectively. 
0284 Frequency Estimation on Modulation Removed 
Symbols and Recursive Loop 
0285. The frequency estimation on the modulation 
removed symbols are performed by DFT around the center 
frequency off with the step size of Afas eelief 

(1-15) 

r N-6 2 (1 - 16) 

for fair. Af, fa) = maxXy (n) exp(j2t in fi : T.) n=0 

0286 where the frequency search range is 
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0287. Note that since the frequency estimate is obtained 
for the modulation removed signal and f is defined for the 
modulated burst, the output of (1-18) is scaled by a factor of 
2a, where a=1(2) for BPSK (QPSK). For the first N, 50 
bursts, f 0. Af-50a, f 450a are used for the raw fre eelief 

quency estimation in the acquisition mode, that is 

(p) (1 - 18) 

(0288 where a=1(2) for BPSK (QPSK). The majority vote 
of these Nraw frequency estimate shall be used for the initial 
value for the loop initialization (denoted as f") in the track 
ing mode. 
0289 Frequency Compensation to the Modulated Signal 
0290 The frequency offset is compensated by applying 
the negative of the frequency output from (1-18) to the de 
rotated symbols, given by 

0291. After the timing and frequency correction, phase 
estimation, amplitude correction and soft symbol generation 
are performed. These steps follow the same procedure both in 
the acquisition and tracking mode and are described only in 
the tracking mode in the following sections. 
0292 Tracking Mode 
0293 Since timing and frequency errors show some cor 
relation from burst to burst, loop filters are employed in the 
tracking mode to estimate timing and frequency offset. The 
filters are initialized with the timing and frequency informa 
tion obtained from the acquisition mode. The filters are The 
block diagram of the tracking mode is shown in FIG. 1-8. 
Unlike the acquisition mode where burst classification is done 
along with the timing estimation, in the tracking mode burst 
classification is performed before updating the timing and 
frequency loops. 

(1-19) 

0294 FIG. 1-8 PNB3(1..n), n=3, 6 or 8, Demodulator in the 
Tracking Mode 
0295 Burst Classification 
0296. Since timing and frequency errors show some cor 
relation from burst to burst, the timing and frequency correc 
tions obtained from the previous bursts are used to compen 
sate the present burst before burst classification is performed 
in the tracking mode. 
0297. Once again we will use PNB3(1,6) burst to exem 
plify our algorithm for burst classification. The receiver struc 
ture for the tracking mode is illustrated in FIG. 1-9. Let {ror, 

. . , r227, r2s represent the received burst (excluding the 
guard symbols) after frequency and timing correction. Of this 
received burst, {rs.r.o. . . . . rior, 7}, {rio9 rio. . . . . r. 19} and 
{r-1, r22. . . . , r220) represent the 1st, 2nd and the 3rd 
segment of the unique word, respectively. For each burst, the 
unique word segments are correlated against the correspond 
ing received segments according to 

9 2 20 2 30 2 (1-20) 
C = X, -st, -- X. +109t, X. r, 211 u, , 1 s is 5 

=0 =10 =2 

0298 where C, denotes the cross-correlation value 
between the received symbol, r, and the i-th unique word 
symbols u', Note that the indices of the received symbols 
account for their position in the received burst with respect to 
the unique word segments. The received burst is classified by 
the unique word that results in the maximum correlation 
value. 
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:- 
lais5 

(1-21) 

0299 where i* denotes the index of the unique word that 
corresponds to the classified burst. 
0300 FIG. 1-9. Burst classification procedure for PNB3 
(1,6) 
0301 After the burst is classified, the correlation value 
C., is compared against a threshold. This comparison is 
necessary since the maximum correlation approach will 
always result in some burst index even when no burst is 
transmitted. By comparing against the threshold, the prob 
ability of false detection can be minimized. So the classified 
burst with index i is declared as detected if 

c, in (1-22) 
0302 where 

19 220 

and C. is a preconfigurable parameter. If the correlation value 
is too low and Eqn. (1-24) does not hold, the receiver invali 
dates the classification and no burst detection is declared. 
0303 Timing Estimator 
0304. The nonlinear square timing estimator is adopted for 
the tracking mode. With this procedure, the symbol timing 
can be obtained by simply transforming the phase of a first 
coefficient of Fourier series of the squared signal envelope. 
By applying a recursive loop, more stable estimation can be 
achieved. Instead of directly tracking the timing of each indi 
vidual burst, the loop performs the estimation by tracking the 
timing variation from burst to burst. In this section, first we 
explain the square timing estimation with recursive loop, 
which estimates the individual burst timing, directly. Then, 
the algorithm based on the timing variation estimation is 
explained. 
0305 Direct Square Timing Estimator with Recursive 
Loop 
(0306 Lett'? denote the timing delay of burst at frame p. 
The timing delay is can be estimated as 

(P) = - : arg(c”) (1-23) 

0307 c. P is the first coefficient of the Fourier Series of 
|Z(n)|^ 

0308 where Z(n) is the output of matched filter defined in 
(1-2). 
0309 Since the symbol timing delay is not completely 
independent in practice, a certain level of correlation existed 
in burst to burst can be exploited in the estimation. The 
symbol timing estimation of the current burst can be based 
partially on that established over the previous bursts. This 
estimation can be achieved by applying a recursive loop 

(P)=(1-te-1)+yte) (1-25) 

19 
Aug. 5, 2010 

(0310 where t' is the timing delay of burst at frame p 
obtained by (1-23) and Y, is a forgetting factor that delineates 
the memory length of the loop. The estimation of the delay 
directly may introduce frequent cycle slipping when the delay 
is close to iT/2. In the tracking mode, the delay variation 
between the bursts (which is usually much smaller than half 
symbol period) is estimated. 
0311 Timing Variation Estimator with Differential Recur 
sive Loop (for steady state tracking) 
(0312) Let 8° denote the variation of timing delay at burst 
p, 

8p)–(P)-(p-1) (1-26) 

0313 Then, the equation (1-24) can be modified by 
a?p)=e62rip-1/Ts).c. (P) (1-27) 

0314 and the timing variation 8 becomes 

(1-28) 

0315 
fp)–62) (P-1) 

0316 
0317. By applying the recursive loop as (1-27) and con 
sidering (1-29), the output of the timing loop is given by 

The raw estimate of timing delay of burst p is 
(1-29) 

Timing Loop Control 

0318. The tracking loop in (1-30) is to be performed dur 
ing the steady state only with Y, 0.06. 
0319 Symbol Timing Correction by Interpolation and 
Decimation 

0320. The output of the tracking loop is used for timing 
correction by interpolation and decimation. The interpolation 
and decimation procedure is described in section 1.3.3.2 
where the symbol timing delay t' is given by (1-30). 
0321 
0322. In this function, the followings are performed in the 
order presented. 
0323 1. De-rotation (L/2-BPSK to BPSK or L/4-QPSK to 
QPSK signal constellation) 
0324 
0325 3. Frequency offset estimation on modulation 
removed symbols. 

Frequency Estimator 

2. Modulation Removal 

0326 4. Recursive loop 
0327 5. Frequency offset compensation 
0328 De-Rotation 
0329. The output symbols of the interpolator are de-ro 
tated to BPSK symbols by 

ya(n) = y(n)exp(-i), n = 0, ... , N-6 (1-31) 

0330 where n is an integer denoting the symbol time 
index, excluding first three guard symbols, a 1(2) for BPSK 
(QPSK). The first payload symbol index is 0 and this conven 
tion will be used for the rest of the document. 
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0331 Modulation Removal 
0332. If we denote they (n) in the polar domain as 

}(n)=p(n) exp(ip(n)) for n=0,..., N-6 (1-32) 

0333. The modulation on de-rotated symbols can be 
removed as follows 

y (n)=(p(n)) exp(irp(n)) for n=0,..., N-6 (1-33) 

0334 where q=2 and r-2a, a-1 for BPSK and a 2 for 
QPSK. Note that because of the modulation removal process, 
the frequency offset is effectively doubled and quadrupled for 
BPSK and QPSK, respectively. 
0335 Frequency Estimation on Modulation Removed 
Symbols and Recursive Loop 
0336. The frequency estimation on the modulation 
removed symbols are performed by DFT around the center 
frequency off with the step size of Afas eelief 

r W-6 ° (1-34) 

for failer Af, f) = maxXy (n) expj2 in fi : T.) n=0 

0337 where the frequency search range is 
fief-enter-fA. . . . . fenterAff-enterfentertAf. . . . . 
f-entertfA) (1-35) 

0338. The recursive loop similar to one used in the timing 
estimation is used for more reliable estimate: 

r Mty- r 1 P = (1 –y)f" 1) + . . f6, for Af, JA) 2, (1-36) 

0339 where a=1(2) for BPSK (QPSK). 
0340. Note that factor of 2a in (1-36) is needed since the 
frequency estimate is obtained for the modulation removed 
signal, where as fis defined for the modulated burst. Note that 
in the tracking mode, the estimation is performed around the 
estimate from the previous burst with much smaller search 
range and finer step size. 

Frequency Loop Control 

(0341) The forgetting factory, is set to 0.26 and 0.03 for 
BPSK and QPSK modulation, respectively, for the steady 
state tracking 
0342. Frequency Compensation to the Modulated Signal 
0343. The frequency offset is compensated by applying 
the negative of the frequency loop output to the de-rotated 
symbols, given by 

u(n)-(n)exp(-j-2JIf?:n-T), n=0,..., N-6 (1–37) 

0344. Outage Handling 
0345 The outage detection is used for controlling both 
timing and frequency synchronization loop filters. 
0346. The outage detection metric is calculated as an aver 
age of differential timing estimate magnitude obtained during 
the timing estimation, given by: 

1 
L 

r (1-38) di (n) = X 16,l, 
-. 

20 
Aug. 5, 2010 

(0347 where n is the time index (i.e., frame number), L=25 
is the number of samples for the averaging, and 8, is differ 
ential timing estimate given by (1-28). The outage detection 
decision is made by comparing (1-38) with the decision 
threshold. For added robustness, different threshold values 
are used for entering the outage state from normal, and for 
exiting from an outage state. In addition, multiple observation 
of (1-38) is used for final outage decision. 
0348. The algorithm is as follows 
(0349 Declare Outage at frame number n: if N(n)=0. Oth 
erwise, declare Non-outage, 
0350 where number 

- 

N(n) = X. D(n - m) 
=0 

is the multiple observation counter, where local outage state 
flag, D(n), is set with the following rule (D(n)=1 means no 
local outage and D(n)=0 means local outage): 
0351 When D(n-1)=1: If d(n)>The D(n)=0. Else D(n) 
=1 

0352. When D(n=0:Ifd, (n)>Th, 2. 
(1-39) 

0353 where The and Th are listed in Table 1-5 for each 
burst type, and M=10. Its state diagram is shown in FIG.1-10. 
0354 FIG. 1-10 Local Outage State Diagram 
0355. Note that the outage detection shall start only after 
the loop initializations are done: 35 burst after loop initializa 
tion. 

rElse D(n)=1 

TABLE 1-5 

Threshold Parameters for DCH Bursts 

Threshold Burst types 

values DCH3(1,3) DCH3(1,6) DCH3(1,8) 

Th 6.5 7.5 7.5 

0356 Synchronization Loop Parameter Control 
0357 The synchronization control parameter, the forget 
ting factor, in the synchronization loop for both timing and 
frequency shall be adaptively changed to yield improved per 
formance. 
0358. The main triggers for adjusting the forgetting factor 
values are: 
0359 Burst type change: from KAB3 to Non-KAB3 
(DTCH and DACCH) or vice versa. 
0360 Outage state change: in or out of the outage. 
0361 Loop state: initial or steady. 
0362. This is due to the fact that the frequency and timing 
estimation from KAB3 may not be as reliable as those from 
the other burst types, and this may require more averaging 
(Small value for the forgetting factor). In addition, the esti 
mation during the outage degrades which is not accurate 
enough for further processing. 
0363 The determination of the loop state will be solely 
based on the number of the burst received. For example, if the 
receiver receives more than 50 bursts, then the state of the 
loop is considered to be in the steady state. It should be noted 
that when the outage is over, the received burst counter shall 
be set to be zero so that loop will always go through the loop 
initialization period. 
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0364 Frequency Synchronization Control 
0365 Different values offrequency loop forgetting factors 
depending on the state and burst type transition are listed in 
Table 1-6. 

TABLE 1-6 

Frequency Forgetting Factors for Transitions Between Outage and Non-Outage 

State\Burst Type Non-KAB3 -> KAB3 -> Non-KAB3 -> KAB3 -> 
Change KAB3 KAB3 Non-KAB3 Non-KAB3 

Outage NA NA NA NA 

(see note 1 and 2) 
Non- in s N, NA NA NA NA 
Outage (see note 3) 

in 2 N, Y= 0.26 Y= 0.26 = 0.10 Y= 0.10 
(see note 4) for QPSK for QPSK 

Y= 0.26 Y= 0.26 
for BPSK for BPSK 

Note 1: 

During the outage, the loop output value at frame number po - N shall be used for the frequency offset 
compensation where po is the frame number when the outage happens. That is, frequency offset estimate at 
frame number p (where p 2 po) shall bef, = fox where N=35. The reason for non-zero Na is to account 
for the delay in the outage detection so that unreliable information is not used. 
Note 2: 

After the outage, the received burst counter will be set to n = 0. The burst countern is incremented by one for 
every burst received. 
Note 3: 

During the initialization (i.e. ne sN, where N = 50), the DFT frequency search range for modulated signal 
shall be performed for-225 Hz, 225Hz with the step size of 45 Hz (25 Hz), whereas steady state (i.e., n > 
N) the DFT frequency search range for modulated signal shall be -45 Hz, 45 Hz) around the initial estimate 
with the step size of 9Hz (5Hz). Note that during the initialization, the frequency loop shall not be used. The 
most frequently reportedraw frequency estimate among Nanumber of received bursts shall be used as the initial 
loop value for the steady state. 
Note 4: 

In the steady state, the tracking loop output is updated as follows: frie) (1 - fic-1) + Yr f. for n-N-(1-40) 
where f is the raw frequency estimate of the current burst, and fe-I) is the frequency loop output of the 
previous burst. Note that f^p is the loop initial value obtained from the majority vote during the loop 
initialization period. 
Note 5: 

The outage detection will be activated from frame number n = Ng-L + max(NN) (where N >L) and the 
outage detection values will be available from frame index; n = N + max(N, NA). This is to ensure that the 
outage detection uses reliable timing outputs from the steady state, 
45 Hz corresponds to 11 frequency bins in the acquisition phase while 25 Hz corresponds to 19 bins, 

In summary, the above Table 1-6 can be simplified to Table 
1-7. 

TABLE 1-7 

Forgetting Factors for Frequency Loop Control 

Burst Type Change 
State Non-KAB3 {d KAB3 

Outage NA 

Non- nes N, NA 

Outage n > N, = 0.10 for QPSK 
= 0.26 for BPSK 

0366 Timing Synchronization Control 
0367. Different values of timing loop forgetting factors 
depending on the state and burst type transition are listed in 
Table 1-8. 
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TABLE 1-8 

Timing Forgetting Factors for Transitions Between Outage and Non-Outage 

Outage State\ Non-KAB3 -> KAB3 -> Non-KAB3 -> KAB3 -> 
Burst Type Change KAB3 KAB3 Non-KAB3 Non-KAB3 

Outage Y = 0.06 Y = 0.06 = 0.06 Y = 0.06 
(see note 1 and 2) 

Non- n is N, NA NA NA NA 
Outage (see note 3) 

n > N. Y = 0.06 Y = 0.06 = 0.06 Y = 0.06 
(see note 4) 

Note 1: 
During the outage, the loop is not updated. Instead, the loop output value at frame numberpo-Nshall be used 
for the timing offset compensation where po is the frame number when the outage happens, That is, the timing 
offset estimate at frame number p shall be 1 Pl (1 - ) 20-Na) + ,' (p) -P0-Nd) + y,' S(p) (1-41) where N. 
= 35. 
Note 2: 

After the outage, the received burst counter will be set to n = 0. The burst countern is incremented by one for 
every burst received. 
Note 3: 

The average of timing estimates among N(=50) bursts shall be used as the initialtiming value for the tracking 
filter, 
Note 4: 

In the steady state, the timing tracking loop output is updated as follows: 1(c) (1 - re-1) -- (c) (re-) 
-- S(c) for n > N, (1-42) where "eistheraw timing estimate of the current burst, and ce) is the timing loop 
output of the previous burst. Note that 1N) is the loop initial value, which is the mean of the timing estimates 
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during the loop initialization period (nes N.), 
Note 5: 

Same as Note 5 in frequency synchronization control. 

0368. Note 1: During the outage, the loop is not updated. 
Instead, the loop output value at frame numberpo-N, shall be 
used for the timing offset compensation where p is the frame 
number when the outage happens. That is, the timing offset 
estimate at frame number p shall be 

0369 where N=35. 
0370. Note 2: After the outage, the received burst counter 
will be set to n=0. The burst counternis incremented by one 
for every burst received. 
0371. Note 3: The average of timing estimates among 
N(-50) bursts shall be used as the initial timing value for the 
tracking filter. 
0372. Note 4: In the steady state, the timing tracking loop 
output is updated as follows: 

0373 where t" is the raw timing estimate of the current 
burst, and t”.' is the timing loop output of the previous 
burst. Note that it is the loop initial value, which is the 
mean of the timing estimates during the loop initialization 
period (nsN). 
0374. Note 5: Same as Note 5 in frequency synchroniza 
tion control. 
0375. In summary, Table 1-8 can be simplified to Table 
1-9. 

TABLE 1-9 

Forgetting factor for timing loop control 

Burst Type Change 
State Non-KAB3 {d KAB3 

Outage Y = 0.06 
Non- n is N, Open loop 
Outage n > N. Y = 0.06 

0376 Phase Estimation and Compensation 
0377. After compensating time and frequency, the 
residual phase error is estimated and compensated. Five 
phase estimates are computed based on known symbols in the 
burst (i.e., UWs). These values are linearly interpolated to 
compensate the phase for the symbols between UW seg 
ments. The phase estimates 0, are obtained by taking the 
angle of the correlation values as 

Eliwa-l (1-43) 
6 = arct X. u(Iuw, + i). UW (i), 

i=0 

in e {1, 2, ... , N} 

0378 where N is the number of UW segments in PNB3 
(1..n) bursts defined in Table 1-3, and the u(i) represents the 
frequency error compensated output sequence, and Iuw, rep 
resents the starting indexes for received symbol correspond 
ing to n-th UWs, and arctan() returns a value in (-71, t). In 
order to avoid a modulo 2 L problem in interpolating phase 
values, the following unwrapping formula is used for ne{2, . 
... , N}: 

6, 1 - 6. al 2n (1-44) 

0379 where x denotes the operation of taking integer 
part of X. For compensating the phase of the symbols between 
each phase estimate on UWs, the linearly interpolated phase 
values given below are applied to the sequence u via exp(-j6 
(i): 
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6 for is XI (1-45) 
6, + (6 - 6). (i +. ''' for X, < is x,y, 

(i) = (i-X) in e {1, 2, ... , N, -1} 
X+1 X 

0. for i> XN 

0380 where X, is the time index of the middle symbol in 
the n-th UW segment given by 

1 
X = tw. -- 5 Luw, (1-46) 

0381) Note that X does not have to be an integer and can 
be real value. The phase corrected symbol is denoted by 

0382 Tentative Symbol Decision 
0383 For BPSK modulated bursts, the real part of samples 
d(n) in (1-47) is taken to yield the soft decision bits d(n): 

d(n)=9ta(n)},0snsN-6 
0384 Based on the samples, d(n), the detected BPSK sym 
bols are obtained at the output of the symbol-mapping device 
given in Table 1-10. 

(1-47) 

(1-48) 

TABLE 1-10 

Demodulated Symbol Decision (BPSK 

Range of the 
Detected BPSK phase-rotated 
Symbol samples, v(n) 

exp(i, J. 0) d(n) = 0 
exp(- J - 1) d(n) < 0 

0385 For QPSK modulated bursts, the samples (On) in 
(1-44) is first phase-rotated by JL/4: 

), Os in a N - 6 (1-49) 

(0386 Based on the samples, v(n) and vo(n), the detected 
QPSK symbols are obtained from the symbol-mapping 
device given in Table 1-11. 

TABLE 1-11 

Demodulated Symbol Decision (QPSK 

Detected Detected Range of the 
QPSK QPSK phase-rotated 
Symbol SYMBOL samples 
S. INDEX Vr, Vo 

ejac02 O v. 20, voe 0 
ejit 2 1 vs. 0, vo 20 
ej2it/2 2 vs. 0, vo - 0 
ej3rt/2 3 v. 20, vos. 0 
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0387 Second-Stage Phase Tracking 
0388. The second-stage phase tracking is performed by 
using the tentative decisions of payload symbols and unique 
words. The tentative decisions or the unique words are cor 
related against the corresponding intial phase corrected 
received symbols to obtain 

w(k)=tis, (1-50) 

0389 where s is the complex constellation point for 
unique word symbol or the tentative decision for the payload 
symbols, it is the initial phase corrected received symbol. 
0390 Let L., and L, denote, in term of number of sym 
bols, the length of estimation interval and relative alignment 
of two consecutive blocks respectively. Here two types of 
blocks are defined: 

0391) Estimation block I 
0392 Phase block B. 
0393. The former is the interval of estimation while the 
latter is the interval to distinguish the phase variation. To 
obtainstable estimation, L, the length of estimation interval 
is bigger than that of phase block, and thus there is an overlap 
between two consecutive estimation intervals. The delineated 
blocks for phase estimation within one burst are shown in 
FIG 1-11. 

0394 FIG. 1-11 Blocks Delineation within One Burst for 
Phase Tracking 
0395. With L selected as an odd number, the phase of the 
midpoint of each estimation block can be obtained by 
unwrapping the averaged phasors within that block 

(pk = "(2. w) (1-51) iel 

k = 0, ... , K - 1 

(cpk ) (1-51) d = d. 1 + (d. -b-)-2 int. 
1 < k < K - 1 

(0396 where -ó, int{X} denotes the integerpart ofX, and 
K is the total number of phase blocks over each PNB3(1,n), 
n=1.3, or 8, burst. Each estimation interval I is composed as 

siskiL step == +L-10sks K-1 (1-53) sief 

and the phase blocks B are composed by 

k = 0 {i10s is Les f2 + Lster f2-1}, 
i Lest f 2 + (k - 1 f2) Later s is 

{ Lest f 2 + (k + 1 f2).Later - 1 

(1-54) 

B = 
1 < k < K-2 

{i Lest f2 + (k - 1 f2).Lstep s is L-1}, 
k = K - 1 

(0398. For all the burst types, L =9, L-59. After phase 
compensation u'(n) results from f(n). 
0399 Amplitude Estimation and Compensation 
0400 Tentative symbol decisions on the payload symbols 
are made after the second stage phase tracking as described in 
Section 1.4.3.7. The unique word symbols and the tentative 
payload symbols are utilized for the amplitude estimation. An 
estimate of the amplitude gain m is given by: 
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K-1 (1-55) 
usi 

k=0 
n = 

X s? 
ik=0 

04.01 where s is the complex constellation point for the 
corresponding unique word symbol or for the tentative sym 
bol decision. 
0402. The demodulated symbol in each burst, u'(n) is 
scaled by 1/m to obtain new symbol r(n) 

0403 SNR Estimation 
0404 Given received signal samples (after demod timing, 
frequency, phase, and amplitude correction), r, k=0, 1,..., 
K-1, and transmitted bits s, k=0, 1,..., K-1, it is straight 
forward to show that the maximum-likelihood estimate W of 
the channel gain is given by 

K-1 (1-57) 
rs 

ik=0 
= K-1 

X |s| 
ik=0 

04.05 Given m, r and s, the maximum-likelihood esti 
mate of of the noise variance is 

1. K- (1-58) 
or = Xr – as if 

ik=0 

0406 Similarly, given W and S, the average signal energy 
uf is given by 

1 S. (1-59) 
2 = . A 2 H = X-l 

0407 
given by 

Taking the ratio of u and of, the estimated SNR is 

K-1 (1-60) 

2 AXE |s| 
ik=0 

= 10logo K-1 
il SNR = lolog: 

0408. The transmit symbols is in general unknown a 
priori, but they can be estimated at the receiver: 
0409 Known symbols. The case where the sample indexes 
represent the known pilot symbols. True values are used for 
Si. 
0410 Unknown (data or payload) symbols. The case 
where the sample indexes represent the unknown data sym 
bols in the burst. The choice for the values s: 
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0411 Hard decision values of the demodulator output are 
used for s. This is the case for conventional SNR estimator 
and referred to as “Blind EVM scheme'. 

0412 All the symbols in the burst, except guard symbols, 
are used for the SNR estimation. From (1-55) and (1-56) in 
(1-57), it is easy to find that w in (1-57) becomes unity for a 
single path receiver (no diversity), and thus on-line compu 
tation can be avoided. However, for the diversity combined 
path SNR estimation (described in a later Section), on-line 
calculation of w is required. 
0413 Usually, at low SNR, the SNR estimator exhibits a 
high bias, and this bias can be removed by applying the 
linearizer. The linearizer can be realized by a memory less 
mapping function, denoted by L(SNR). Then, the linear 
ized SNR estimate is given by 

SNRFL(SNR) (1-61) 

0414. The purpose of the linearizer is to reduce the bias 
Such that the mean of the estimator is the same as the actual 
channel SNR. 

0415. The linearizing function L is implemented as a look 
up table with N. rows; hence given the measured value 
SNR, the index into the look-up table is 

O SNR <SNRE 
NT - 1 SNR, is SNRE index = 

SNR - SNRE 
Inter to:5 Otherwise 

UT 

0416 where SNR 'Y=-7 dB, SNR'-20 dB, 
SNR, '-0.1 dB, and N, 271. The linearized value is 
then read out as Lindex. The linear version of the linearized 
SNR is given by 

SNR-100. ISNRdB (1-62) 

0417. Symbol Decision and Soft Bit Generation 
0418 For BPSK modulated bursts, all the relevant infor 
mation can be obtained from the real part of the samples r(n) 
given by (1-56). So the soft decision bits d(n): 

0419 For QPSK modulated bursts, r(n) given by (1-56) is 
first phase-rotated by JL/4: 

5(n) = yi (n) + jvo (n) = r(n) explj). Os in a N - 6 (1-64) 

0420 
yield: 

The in-phase and q-phase of the signal is flipped to 

0421. The real part of d(n) corresponds to the soft bit of 
even index bits and imaginary part of dOn) corresponds to the 
soft bit of odd index bits, where the first bits of the burst, 
excluding guard bits, is assumed to start with index 0 (even 
index). 
0422 Based on the samples a(n), the detected symbols are 
obtained as described in a previous Section from Table 1.10 
and Table 1.11 for BPSK and QPSK, respectively. 
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0423 For BPSK modulated bursts, the soft bits are scaled 
aS 

0424 
scaled as 

While for QPSK modulated bursts, the soft bits are 

d(n)=v'(n)+jv'(n) (1-67) 

0425 where SNR is the linear, estimated SNR from 
(1-61). 
0426 Soft Bit Generation 
0427. The scaled, soft bits are quantized into W-8 bit 
signed integer values (i.e., they are represented in integer 
values between -128 and 127). For BPSK this representation 
is given by 

0428 where 9{X} denotes the real part of complex vari 
able X and 

0429. However, for QPSK the information is imbedded 
both in real and imaginary parts and the Softbit representation 
is modified as 

0430 where 9{X} and Š{X} denotes the real and imagi 
nary part of complex variable X and 

0431 where the function int quantizes its argument 
with a floor of -2", and a ceiling of 2"-1 and Ier, is 8. 
0432. The quantization translates the unit valued soft bits 
(d(n)) into integer values between -I to I. 1. The 
remaining integer values (from -2", to -I-1 and from 
Ir, to 2",-1) are used to allow for the headroom given by 
the multiple 2. SNR. These quantized bits are then fed to the 
Viterbi decoder. 

0433 
0434. Two-path polarization diversity combining is 
depicted in FIG. 1-12. The two demod outputs, after timing, 
frequency, phase and amplitude corrections, are scaled by 
their respective SNR estimations and added to generate the 
combined output raccording to 

Two-Path Polarization Diversity Combining 

0435 where r, and r, are the amplitude scaled outputs 
given by (1-56) for path 1 and path 2, respectively. 
0436 For BPSK modulated bursts, the real part of the 
combined output r in (1-71) is taken to yield the soft deci 
sion bits d(n): 

0437. For QPSK modulated bursts, as before, the com 
bined output r2 is first phase-rotated by JL/4 
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(1-73) $12(n) = yi (n) + ivo (n) = r12(n).exp(i.) 

0438. The in-phase and q-phase of the signal is flipped to 
yield: 

d2(n)-vo(n)-tivi (n) n=0,..., N-6 (1-74) 

0439. The real part of d corresponds to the soft bit of 
even index bits and imaginary part of d corresponds to the 
soft bit of odd index bits. 

0440 Based on the samples d(n), the detected BPSK and 
QPSK symbols for the combined path are obtained, as before, 
from Table 1-10 and Table 1-11, respectively. The combined 
samples, r, are used to estimate the SNR for the combined 
path using the same algorithm as described in 1.3.6.7. 
0441 FIG. 1-12 Two-Path Diversity Combining 
0442. For BPSK modulated bursts, the soft bits for the 
combined path are scaled as 

d2(n)=d 122 (1-75) 

0443) For QPSK modulated bursts, the soft bits for the 
combined path are scaled as 

d'2(n)-v'(n)-tiv'(n) (1-76) 

0444. Note that, unlike for the individual paths, the soft 
bits for the combined path are not scaled by the SNR value. 
0445. The scaled, soft bits for the combined path are quan 
tized into W, 8 bit signed integer values. 
0446 For BPSK this representation is given by 

{{d(0)},9ta,(1)},..., 9ta,0N-7)},9. 
da (N-6)}} (1-77) 

0447 where 9t{X} denotes the real part of complex vari 
able X and 

0448. However, for QPSK the information is imbedded 
both in real and imaginary parts and the soft bit representation 
is modified as 

d(N-6) (1-78) 

0449 where R{X} and -it-denotes the real and imagi 
nary part of complex variable X and 

0450 where the value of IPRI, is the same as that of IPRI 
given in Section 1.3.8. The quantizing function int { } is also 
described in Section 1.3.8. 

0451. The quantized sequences derived from two indi 
vidual paths and the combined path, d(n), d(n), and d(n) 
can then be fed to FEC decoders. However, for the baseline 
implementation, only the combined pathis processed through 
the FEC decoder to generate the CRC pass or fail indicator. 
0452 Four-Path Diversity Combining 
0453 Two-path diversity combining is depicted in FIG. 
1-13. The four demod outputs (two from each antenna) after 
timing, frequency, phase and amplitude corrections, are 
scaled by their respective SNR estimations and added to 
generate the combined outputra according to 
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rAB(n) = (1-80) 
1 

rai (n)SNRA + ra(n).SNRA2 + rB1 (n).SNRB1 + rB2(n).SNRB2} 

0454 where the subscripts A and B denote the satellites 
while 1 and 2 denote left hand or right hand circular polar 
ization. 
0455 For BPSK modulated bursts, the real part of the 
combined output r in (1-80) is taken to yield the soft deci 
sion bits d(n): 

0456. For QPSK modulated bursts, as before, the com 
bined output r is first phase-rotated by JL/4 

sai (n) = r(n) + ivo(n) = rab(n) exp(i) (1-82) 

0457 
yield: 

The in-phase and q-phase of the signal is flipped to 

0458. The real part of d corresponds to the soft bit of 
even index bits and imaginary part of d corresponds to the 
soft bit of odd index bits. 
0459 Based on the samples d(n), the detected BPSK 
and QPSK symbols for the combined path are obtained, as 
before, from Table 1-10 and Table 1-11, respectively. The 
combined samples, r, are used to estimate the SNR for the 
combined path using the same algorithm as described in 
1.3.6.7. 
0460 FIG. 1-13 Four-Path Polarization Diversity Com 
bining 
0461 For BPSK modulated bursts, the soft bits for the 
combined path are scaled as 

daa(n)-daB2 (1-84) 

0462 For QPSK modulated bursts, the soft bits for the 
combined path are scaled as 

d'a(n)-v'(n)+jv'(n) (1-85) 

0463) Note that, unlike for the individual paths, the soft 
bits for the combined path are not scaled by the SNR value. 
0464. The scaled, soft bits for the combined path are quan 
tized into W, 8 bit signed integer values. 
0465 For BPSK this representation is given by 

side(0)},9td.(1)},..., 9.d(N-7)}9t 
de(N-6)}} (1-86) 

0466 where 93{X} denotes the real part of complex vari 
able X and for QPSK, as before, the soft bit representation is 
modified as 

Side (0)}.Sdia(0)},..., 9 da(N-6)} (1-87) 
0467 where 9{X} and Š{X} denotes the real and imagi 
nary part of complex variable X and 

da(n)-int(IPRId'Ae(n)} (1-88) 
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0468 where the value of IPRI is the same as that of IPRI 
given in Section 1.3.8. The quantizing function int} is also 
described in Section 1.3.8. 
0469. The quantized sequences derived from four indi 
vidual paths and the combined path, d. (n), d(n), da(n), 
d(n) and du(n), can then be fed to FEC decoders. How 
ever, for the baseline implementation, only the combined path 
is processed through the FEC decoder to generate the CRC 
pass or fail indicator. 
0470 Burst Classification with Diversity 
0471. In this Section burst classification with diversity is 
presented which is little different from single-path burst clas 
sification described in Section 1.3.4.1. For the case of receive 
diversity, all the paths need to be accounted for in the burst 
classification algorithm. First, frequency and timing correc 
tion is applied to each path individually. Next, all the paths are 
correlated with the candidate unique word sequences and the 
correlation values are non-coherently combined. As before, 
the unique word sequence that results in the highest correla 
tion determines the burst type according to (1-21). Also the 
classification procedure has to satisfy (1-22), where 77 is 
modified to account for receive diversity according to 

W. It Wr 19 W. 220 (1-89) 

n = alXX|rift XXIrift XX|rial 
=l i=8 EI is:09 =l i=2 

0472 where C. is a preconfigurable parameter and N is the 
number of receive diversity paths. 
0473. Note that if outage is declared for any path during 
the timing estimation, it is not processed for burst classifica 
tion until the outage is over. In other words, during outage N. 
in (1-89) effectively denotes the number of paths in non 
outage. As an example, the burst classification procedure with 
diversity for PNB3(1,6) is depicted in FIG. 1-14. For the sake 
of simplicity, only 2-path receive diversity is considered, 
however, extension to more paths is straightforward. 

Physical Layer Method for Packet Data Bearers 
0474 Packet data Physical Channels and BURST FOR 
MAT 
0475 Packet Data Channels (PDCH) 
0476. The Packet Data Channel (PDCH) are further 
divided into Packet Common Control Channel (PCCCH), 
Packet Associated Control Channel (PACCH), and Packet 
Data Traffic Channel (PDTCH) 
0477 Packet Common Control Channels (PCCCH) 
0478. The packet common control channel is defined in 
either in forward or return link direction. It carries control 
information for a group of users. 
0479. Forward link only: 
0480 PAGCH (Packet Access Grant Channel) is used by 
Gateway to send assignments to dedicate resources to UT's for 
transferring data in response to PRACH requests. 
0481 Packet Associated Control Channel (PACCH) 
0482 PACCH (Packet Associated Control Channel) trans 
ports signaling message between the UT and Gateway. It 
carries user associated control information either in forward 
or return link 
0483 Packet Data Traffic Channel (PDTCH) 
0484 PDTCH (Packet Traffic Channel) carries the packet 
Switched data and control, 
0485 Packet Normal Bursts: PNB(1,6), PNB3(2,6), 
PNB3(5.3), PNB3(5,12), PNB3(10.3) 
0486 Narrowband Packet Normal Bursts: PNB(1,6) and 
PNB3(2,6) 
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0487. Both PNB(1,6) and PNB3(2,6) aren/4 QPSK modu 
lated. PNB(1,6) is Convolutionally encoded, and PNB3(2,6) 
is Turbo encoded. The payload throughput for each different 
code rates are summarized in Table 0-1 and Table 0-2. 

TABLE O-1 

PNB(1.6) Burst Summary 

Payload in Peak 
Burst FEC FEC No of No of Bits Payload 

Burst Tx Rate Duration Rate Rate Coded (Excluding Data Rate 
Type Direction inksps in ms (Approx.) (Exact) Bits 8 Bit Tails) in kbps 

PNB DU 23.40 10.00 4f S O.81 366 288 28.8O 
(1,6) DU 23.40 10.00 7,10 O.70 366 248 24.80 

DU 23.40 10.00 3.5 O.S9 366 208 20.80 

TABLE O-2 

PNB3(2,6) Burst Summary 

Peak 
Burst FEC FEC No of Payload 

Burst Tx Rate Duration Rate Rate Coded Payload in Data Rate 
Type Direction in kSps in ms (Approx.) (Exact) Bits No of Bits in kbps 

PNB3 U 46.8O 1O.OO 4f S O.8O 800 640 64.OO 
(2,6) U 46.8O 1O.OO 7,10 O.70 800 S60 56.00 

U 46.8O 1O.OO 3.5 O.S9 800 472 47.20 
D 46.8O 1O.OO 4f S O.82 778 640 64.OO 
D 46.8O 1O.OO 7,10 0.72 778 S60 56.00 
D 46.80 1.O.OO 3.5 O.61 778 472 47.20 

0488 Wideband Packet Normal Bursts: PNB3(5.3), in the downlink. Return link only supports the n/4 QPSK 
PNB3(5,12), PNB3(10.3) modulation. Table 0-3, Table 0-4, and Table 0-5 summarize 
0489 All wideband packet normal bursts are encoded the data rates for PNB3(5.3), PNB3(5,12), and PNB3(10.3), 
with Turbo FEC. Both n/4 QPSK and 16 APSK are supported respectively, for different modulation schemes and FEC rates. 

TABLE O-3 

PNB3 (5.3) Burst Summary 

Payload in Peak 
Tx Burst FEC FEC No of No of Bits Payload 

Rate in Duration Rate Rate Coded (Including Data Rate 
Burst Type Direction kSps in ms (Approx.) (Exact) Bits 16 Bit CRC) in kbps 

PNB3(5,3) DU 117.00 S.OO 5.6 O.84 958 8OO.OO 16O.OO 
pi/4 QPSK DU 117.00 S.OO 3f4 0.75 958 72O.OO 144.OO 

DU 117.00 S.OO 5.8 O.63 958 6OO.OO 12O.OO 
DU 117.00 S.OO 1.2 O.SO 958 48O.OO 96.OO 

PNB3(5,3) D 117.00 S.OO 2.3 0.67 1916 1280.OO 256.00 
16 APSK 

TABLE O-4 

PNB3(5.12) Burst Summary 

Payload in Peak 
Burst FEC FEC No of No of Bits Payload 

Tx Rate Duration Rate Rate Coded (Including Data Rate 
Burst Type Direction in kSps in ms (Approx.) (Exact) Bits 16 Bit CRC) in kbps 

PNB3(5,12) DU 117.00 2O.OO 5.6 O.84 4440 372O.OO 186.OO 
pi/4 QPSK DU 117.00 2O.OO 3f4 0.75 4440 3328.00 16640 

DU 117.00 2O.OO 5.8 O.63 4440 2784.OO 139.20 
DU 117.00 2O.OO 1.2 O.SO 4440 2224.00 111.2O 

PNB3(5,12) D 117.00 2O.OO 2.3 0.67 2 x 4440 2 x 2960 296.OO 
16 APSK 
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Burst Type 

PNB3(10.3) 
pi/4 QPSK 
PNB3(10.3) 
16 APSK 

TABLE O-5 
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PNB3(10.3) Burst Summary 

Burst FEC 
Tx Rate Duration Rate 

Direction inksps in ms (Approx.) 

D 234.OO S.OO 5.8 

D 234.OO S.OO 2.3 

Payload in Peak 
FEC No of No of Bits Payload 
Rate Coded (including Data Rate 

(Exact) Bits 16 Bit CRC) in kbps 

O.62 2108 1304 260.80 

O.70 4216 2952 590.40 

When the burst carries UL-MAP (defined in the next section), UL-MAP field. The FEC block sizes for Such cases are listed 
the payload FEC block sizes reduce to accommodate the in Table 0-6, Table 0-7, and Table 0-8. 

Burst Type 

PNB3(5,3) 
pi/4 QPSK 

PNB3(5,3) 
16 APSK 

Burst Type 

PNB3(5,12) 
16 APSK 

Burst Type 

PNB3(10.3) 
pi/4 QPSK 
PNB3(10.3) 
16 APSK 

TABLE O-6 

PNB3 (5.3) Downlink Burst Carrying UL-MAP Burst Summary 

Payload in Peak 
Burst FEC FEC No of No of Bits Payload 

Tx Rate Duration Rate Rate Coded (Including Data Rate 

Direction in kSps in ms (Approx.) (Exact) Bits 16 Bit CRC) in kbps 

D 117.00 S.OO 5.6 O.81 830 672 134.40 

D 117.00 5.00 34 0.71 830 592 118.40 

D 117.00 S.OO 5.8 O.62 830 512 102.40 

D 117.00 S.OO 1.2 O.49 830 4.08 81.60 

D 117.00 S.OO 2.3 O.6S 1660 1072 21440 

TABLE O-7 

PNB3(5.12) Downlink Burst Carrying UL-MAP Burst Summary 

Payload in Peak 
Burst FEC FEC No of No of Bits Payload 

Tx Rate Duration Rate Rate Coded (Including Data Rate 
Direction in kSps in ms (Approx.) (Exact) Bits 16 Bit CRC) in kbps 

D 117.00 2O.OO 5.6 O.83 412O 3416.00 170.80 
D 117.00 2O.OO 3f4 O.74 412O 3064.OO 153.20 
D 117.00 2O.OO 5.8 O.62 412O 2S6O.OO 128.00 
D 117.00 2O.OO 1.2 O.SO 412O 2040.OO 102.OO 
D 117.00 2O.OO 2.3 O.66 2 x 412O 2 x 2736 273.60 

TABLE O-8 

PNB3(10.3) Downlink Burst Carrying UL-MAP Burst Summary 

Payload in Peak 
Burst FEC FEC No of No of Bits Payload 

Tx Rate Duration Rate Rate Coded (including Data Rate 
Direction in kSps in ms (Approx.) (Exact) Bits 16 Bit CRC) in kbps 

D 234.OO S.OO 5.8 O.61 1852 1136 227.20 

D 234.OO S.OO 2.3 O.69 3704 2560 S12.OO 
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0490 PNB Burst Format and Characteristics 
0491. The PNB bursts consist of multiple fields that are 
summarized below: 

0492 PRI (Private Information): PRI carries user data 
and/or control messages. PRI is also termed as payload. 
The PRI can be modulated either by n/4 QPSK, 16 
APSK, and it is encoded with either convolutional code 
or turbo FEC for various rates. 

0493 PUI (Public User Information): PUI contains the 
physical layer related control messages and burst format 
information. It carries keep-alive burst indicator (down 
link only), and link adaptation control message (uplink 
only), burst modulation and coding information, and 
access permission to the uplink timeslots associated 
with the downlink timeslots where the burst is received. 

0494 PNB(1,6) and PNB3(2,6)/U, PNB3(5.3)/U, 
PNB3(5,12)/U: The PUI information is coded with 
(24, 12) extended Golay code with one-time repeti 
tion (effective code rate 1/4), resulting in 48 encoded 
PUI bits. This translates into 24 JL/4-QPSK modulated 
symbols in the PUI fields of the burst. All the UTs 
attached to the same PDCH carrier, shall decode the 
PUI fields prior to decoding the payload in the burst. 

0495 PNB3(2,6)/D, PNB3(5.3)/D, PNB3(5,12)/D, 
and PNB3(10.3)/D: The PUI information is encoded 
with outer CRC and inner convolutional code con 
straint length 9. 

0496 UL-MAP (Uplink MAP): The UL-MAP contains 
uplink assignment map which is encoded with convolu 
tional code constraint length9. The presence of this field 
is optional, and indicated by PUI. 

Effective 
Input Bits Code Rates 

Symbol to FEC (Including 
Field Associated Rates (Including Coded Puncturing 
Type PNBs Direction (ksps) MOD FEC CRC Bits) Bits and Repetition) 

UL- PNB3(5,3) D 117.OO PI4- TB Conv. Code 32 (info bits) 128 O.25 
MAP QPS K=9 Rate 1.2 

(after puncture) 
with 1x repetition 

PNB3(5,12) D 117.OO PI4- TB Conv. Code 80 (info, bits) 320 O.25 
QPS K=9 Rate 1.2 

(after puncture) 
with 1x repetition 

PNB3(10.3) D 234.OO PI4- TB Conv. Code 64 (info, bits) 256 O.25 
QPS K=9 Rate 1.2 

(after puncture) 
with 1x repetition 

PUI PNB(1,6) DU 23.40 PI4- Golay Code 12 (info bits) 48 O.25 
QPS with repetition 

PNB3(2,6) D 46.80 PI4- TB Conv. Code 21 (info bits, 8O O.26 
QPS K =9 Rate 0.52 including 

(after puncture) 3 bit CRC) 
with 1x repetition 

U 46.80 PI4- Golay Code 12 (info bits) 48 O.25 
QPS with repetition 

PNB3(5,3) D 117.OO PI4- TB Conv. Code 23 (info bits, 88 O.26 
QPS K =9 Rate 0.52 including 

(after puncture) 3 bit CRC) 
with 1x repetition 

U 117.OO PI4- Golay Code 12 (info bits) 48 O.25 
QPS with repetition 
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0499 

0500 

0497 

frequency estimation. 
0498 

down. 
FIG. 0-1. PNB(1,6) Uplink and Downlink Burst 

Format: Number in Units of Symbol 
FIG. 0-2. PNB3(2,6) Uplink Burst Format: Number 

in Units of Symbol 
0501 FIG. 0-3. PNB3(5.3) Uplink Burst Format: Number 
in Units of Symbol 
(0502 FIG. 0-4. PNB3(5,12) Uplink Burst Format: Num 
ber in Units of Symbol 
0503 FIG. 0-5. PNB3(2,6) Downlink Burst Format: Num 
ber in Units of Symbol 
(0504 FIG. 0-6. PNB3(5.3) Downlink Burst Format:Num 
ber in Units of Symbol 
0505 FIG. 0-7. PNB3(5.3) Downlink with UL-MAP 
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Burst Format: Number in Units of Symbol 
0506 FIG. 0-8. PNB3(5,12) Downlink Burst Format: 
Number in Units of Symbol 
0507 FIG. 0-9. PNB3(5,12) Downlink with UL-MAP 
Burst Format: Number in Units of Symbol 
0508 FIG. 0-10. PNB3(10.3) Downlink Burst Format: 
Number in Units of Symbol 
0509 FIG. 0-11. PNB3(10.3) Downlink with UL-MAP 
Burst Format: Number in Units of Symbol 

PUI and UL-MAP Field 0510 
0511 Table 0-9 Summarizes the PUI and UL-MAP FEC 
parameters. 

TABLE O-9 

PUI and UL-MAPREC Parameters 

UW (Unique Words): Unique Words (UW) 
assists burst synchronization Such as timing, phase, and 

G (Guard): G provides guard time (along with 
network synchronization) between the consecutive burst 
and allows the period for carrier power ramp up and 
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TABLE O-9-continued 

PUI and UL-MAPREC Parameters 

Effective 
InputBits Code Rates 

Symbol to FEC (Including 
Field Associated Rates (Including Coded Puncturing 
Type PNBs Direction (ksps) MOD FEC CRC Bits) Bits and Repetition) 

PNB3(5,12) D 117.OO PI4- TB Conv. Code 23 (info bits, 88 O.26 
QPSK K =9 Rate 0.52 including 

(after puncture) 3 bit CRC) 
with 1x repetition 

U 117.OO PI4- Golay Code 12 (info bits) 48 O.25 
QPSK with 1x repetition 

PNB3(10.3) D 234.OO PI4- TB Conv. Code 30 (info bits, 108 O.28 
QPSK K =9 Rate 0.58 including 

(after puncture) 3 bit CRC) 
with 1x repetition 

0512. When ULMAP is present in the downlink burst then Payload (PRI) and the last UW segment. It contains only PUI, 
PUI and ULMAP bits are CRC encoded together. The result 
ant CRC is only transmitted over PUI. 
0513 PKAB3 and KAB3 Burst Format and Characteris 

tics 
0514. The Packet Keep Alive Bursts (PKAB3s) are trans 
mitted over downlink PDCH3 carrier to fill in during a silence 
period of the packet data (PRI) transmission. The absence of 
PRI in the burst will help saving the satellite power as well as 
UT processing power. This continuous transmission of PUI 
makes uplink access permission (USF) available every burst 
and also helps the UT to maintain its receiver downlink syn 
chronization by tracking time and frequency offsets. 
0515. The PKAB3(m3) for (m=5 and 10) burst format is 
identical to downlink PNB3(m,3) except that it does not carry 

UL-MAP and first three UW segments. Similarly, the PKAB3 
(2,6) burst format is identical to downlink PNB3(2,6) except 
that it does not carry Payload (PRI) and last two UW seg 
ments. The burst format for PKAB3(10.3), PKAB3(5.3), 
PKAB3(2.6), and PKAB3(1,6) are shown in FIG. 0-12, FIG. 
0-13, FIG. 0-14, and FIG. 0-15, respectively. 
0516 FIG. 0-12. PKAB3(10.3) 
0517 FIG. 0-13. PKAB3(5.3) Burst Format 
0518 FIG. 0-14. PKAB3(2,6) Burst Format 
0519 FIG. 0-15. PKAB(1,6) Burst Format 
0520 Packet Data Channel Unique Words 
0521 For PNB(1,6) and PNB3(2,6) the UW's are as 
shown in Table 2-10 and Table 2-11 

TABLE 2-10 

PNB(1, 6) Unique Words 

UW PNB(1, 6 

Segment No of Symbols In Each Segment UW Pattern 

First 7 . . . . . . . 37 . 

Segment {e, e3, ei, e3, ei, e3, ei") 

Second 8 . . . . . . . 37 . ... 3 

Segment {e", e3, ei, e3, ei, ej 3, ei, ei: ) 

Third 7 . . . . . . . . . . 37 . 
Segment {e, e3, eit, e3, ei, e3, e.) 

TABLE 2-11 

PNB3(2, 6) Unique Words 

UW PNB(1, 6 

Segment No of Symbols In Each Segment UW Pattern 

First 9 . F. . . F. . ... 3 ... 3 
Segment (e. e2, ei ei 2 ej9, e2, ei, ei2 ej o) 

Second 9 3 ... 3 
Segment (e. ei 2, ei ei 2, ei, e2, ei, e2, eli y 
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TABLE O-14 

Demodulator parameters for PNB3(1, 6). PNB3(2, 6). PNB3(5.3). PNB3(S. 12 

Function Module 

Matched Filtering 

RSSI estimation 

Timing Estimation 

Burst Detection 
Frequency 
Estimation 

Phase Estimation 

Tentative symbol 

Default Parameter Values 

For PNB3(1, 6) m = 1, PNB3(2, 6) m = 2, PNB3(5, 3) m = 5, PNB3(5, 12) m = 5 
Roll-off factor: C = 0.35 
Filter window size: L = 8 symbols 
Number of samples per symbol: M = 4 
Number of symbols in a burst: N = 234 * m for PNB3(1, 6) and PNB3(2, 6) 
N = 117 * 5 for PNB3(5,3) and N = 117 * 20 for PNB3(5, 12) 
For PNB3(5, 12) and PNB3(5,3): Number of symbols used in the RSSI 
calculation: N- 25. 
For PNB3(1,6): Number of symbols used in the RSSI calculation: N-5. 
For PNB3(2, 6) and PNB3(5,3): Number of symbols used in the RSSI 
calculation: N- 10. 
Number of samples per symbol: M = 4. 
Square timing estimation for symbol timing. Timing uncertainty search 
range-T? 2, T/2. 
Number of samples per symbol for symbol timing: M = 4 
interpolation filter tap length: I = 16 
Oversampling factor for interpolation: v + 1 = 8 
UW based timing for burst timing and correction. Timing uncertainty 
search range-T, T.: T = 2 * m * symbol duration 
Number of samples per symbol for burst timing: M = 1 
Predetermined burst detection threshold set for each burst type 
Number of samples per symbol: M = 1 
Frequency bin size: f = 4x 10 = 40 Hz for 
PNB3(2, 6), PNB3(5, 3) and PNB3(5, 12) and f = 10 Hz for 
PNB3(1, 6) 
Frequency search window-fafal for CW: f = 4 x 300 = 1200 Hz for 
PNB3(2,6), PNB3(5.3) and PNB3(5,12) and f = 300 Hz 
or PNB3(1,6) 
Number of frequency offset candidates: N 
PNB3(2, 6) and PNB3(1, 6) 
Number of frequency offset candidates: N 
For two stage phase estimation 
Phase estimation on each UW segment. 
Linear interpolation in-between symbols. 
Block phase estimation 
Number of samples per symbol: M = 1 
Length of estimation interval: Lest = 31 * 4 symbols for PNB3 (5.3) and 
PNB3(5,12) 
Lest = 65 symbols for PNB3(1,6) and PNB3(2,6) 
Relative alignment interval: Lstep = 9x m symbols for PNB3(5.3) and 
PNB3(5,12) 
Lstep = s.0 symbols for PNB3(1,6) and PNB3(2,6) 
Single stage Block phase estimation (PNB3(5,12) code rates /8, /4 and 
5/6) 
Number of samples per symbol: M = 1 
Length of estimation interval: Lest = 31 * 4 symbols 
Relative alignment interval: Lstep = 9x m symbols 
Tentative decisions made on payload symbols and PUI symbols 

= 1 for PNB3(5, 12), candidate 

=3 for PNB3(5.3) gaaaiiaate 
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estimation 
Noise variance Noise variance is estimated using only the UW Symbols. 
estimation 
Amplitude Amplitude estimated by using UW Symbols and tentative symbol decisions 
estimation on payload and PUI 
SNR estimation Es/NO Estimation based on UW and demodulated payload. 

0534. Matched Filter 
0535. At the receiver, the signal r(t) is sampled at a rate of 
M/T samples per second (i.e., symbol over-sampled by a 
factor of M=4). The resultant discrete-time signal, r(n), is 
passed through a discrete time matched filter h (n), to 
obtain 

z(n)=r(n)*h (n), for n=0,1 ..., MN-1 (2-1) 

0536 where N is the number of symbols per burst. Note 
that h(n) is the truncated and time shifted version of the 
pulse shaping filter given (1-2) in sampled at the sampling 
rate M/T given by 

(lit. " (2-2) COS --- 

N (1 - a)7in' 
4an' sin 

htrunc(n) = for 0 < n < LM - 1 

0537 where n=n-LM/2+/2. Note that the above filter is 
causal and spans L Symbol duration. Due to the power ramp 
up and down, the guard symbols are not used for the further 
processing (e.g., timing estimation). 
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0538 RSSI Estimation 
0539. The received signal strength can also be used to help 
determine the link quality, since it denotes the Sum of the 
desired signal power and noise power whereas the SNR rep 
resents the ratio of these two powers. 
0540. The received signal power in a burst can be mea 
Sured as 

1 NM-1 (2-3) 
r - 2 Pest - N. 2. a(n) 

0541 where Z(n) is the matched filter output samples. 
Then the RSSI (in dB) is defined as 

RSSI-10 log(P.A.) (2-4) 
(0542 where the normalization factor, P. is the reference 
power which is implementation dependent. For example, if 
the matched filter output samples are represented by 12 bits 
then the reference power can be set to be the maximum 
sample power with 12 bit amplitude representation, which is 
P-2*(2'-1). In this case, RSSI is in the range of-69-0 
dB. 
0543. Timing Estimator 
0544 Let T denote the symbol timing delay of burst in 
-T/2. T/2. The symbol timing delay is can be estimated as 

T (2-5) t = -starge1) 

c is the first coefficient of the Fourier Series of 

M.(N-guard 2-Litwis)-l 

0546 where Z(n) is the output of matched filter defined in 
(1-4). 
0547 Interpolation and Decimation 
0548 Prior to decimation, or symbol sampling, symbol 
timing adjustment is performed by interpolating the matched 
filter output. This interpolation is needed since the samples 
available at the matched filter output for the decimation are 
only TIM apart (T/4 in our case). To elaborate this point, first 
let’s decompose the estimated symbol timing delay tin (1-8) 
aS 

T (2-7) t = - k + At 

(0549 where 0s. At<T/M and Risan integer. The expected 
sample at the symbol timing is 

y(n) = ztnT, -- Gi -- Ar) (2-8) 
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0550 whereas the available samples are only 

Hence the interpolation can be performed to re-construct the 
sample values at the desired sampling timing 

nT + k + Ar 

Ts a (2 - 9) 
y(n) = ztnT, -- Atk -- Ar) 

h;i -- Atlant, -- ( (k i) -) 
0551 where the truncated Sinc filter (I=16) is used for 
interpolation filter 

sin(4t. if T ) 
(47t. if T) 

h(t) = (2 - 10) 

0552. To make the interpolation more practical, the inter 
polation filter are constructed based on the quantized value of 
AT, and the interpolation filtering is performed by selecting 
the closest set of coefficients. Evenly quantizing Atto v levels 
within one sample duration of T/M (thus the resolution of 
T/(vM)), interpolation accuracy down to T/(2 M-v) can be 
achieved. For the implementation, v=8 shall be used. After 
symbol timing correction, the rest of the process will be 
performed at a symbol rate of T. (one complex sample/ 
symbol). The output of the interpolator is denoted by y(n) 
where n is an integer denoting the symbol time index. 
0553 
0554. Once the square timing estimator described is per 
formed (I-T/2. T/2), the UW correlation shall be done over 
-T+TI. Where T=10T, for PNB3(5.3) and PNB3(5,12), 
T=4T for PNB3(2,6) and T=2T for PNB3(1,6) 
0555 

Burst Timing Estimation and Burst Detection 

The burst timing offset index is estimated as: 

(2 - 11) i = arg max(TC) for PNB3(5, 12) 
i=-T ... ... +T 

0556. Where: 
0557. For PNB3(1,6) and PNB3(2,6) 

Litw-l 2 

Nn 2. y(i+ k + luw,) exp(-jik). UW (k) 
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0558 For PNB3(5.3) 

Law-l 2 
t (k) X. y(i+ k + lawi): exp(-jik). UW 

TC(i) = | -- 
Law-l 
X y(i+ k + luw)? 
ik=0 

Luws-1 2 
X. t (k) y(i+ k + laws) exp(-ik) . UW 
ik=0 

Liw8-1 
X y(i+ k + luws)? 
ik=0 

0559 For PNB3(5,12) 

Law-l 2 
t (k) X. y(i+ k + law) exp(-ik) UW 

ik=0 
TC(i) = Law-l -- 

X y(i+ k + luw)? 
ik=0 

Law3-1 2 

X. y(i+ k + laws): exp(-jik). UW; (k) 
ik=0 -- 

Laws-1 
X y(i+ k + luws)? 
k=0 

Law4-1 2 

X. y(i+ k + law) exp(-i). UW; (k) 
ik=0 -- 

Liwa-l 
X y(i+ k + luwa) 
ik=0 

Laws-1 2 

X y(i+ k + laws) exp(-i). UW;" 
ik=0 

Luws-1 
X y(i+ k + luws)? 
ik=0 

0560 I, denotes the time index corresponds to the start itw. 
ing time of the symbols in n-th UW segment, and Luw, 
denotes the number of symbols in n-th UW segment. 
0561. Then the adjusted timing offset based on symbol 
and burst timing estimate is given by 

t=t+T (2-13) 

0562 and the sample timing index is adjusted by amount 
of 1. That is y(n) is replaced with y(n-1). 
0563 Burst Detection 
0564 For PNB3(1,6) and PNB3(2,6) if the following test 

is true, the burst is declared to be present. Otherwise, it will be 
declared as no burst received. 

0565 where the threshold y is the design parameter. 
0566 For PNB3(5.3) and PNB3(5,12) if the following test 

is true, the burst is declared to be present. Otherwise, it will be 
declared as no burst received. 
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Liw-l 2 

X. y(i. + k + luw) exp(-ik): UW(k) 
TC(i)^+ > y 

Liw-l 

ik=0 

0567 where the threshold y is the design parameter. 
0568 (2-14) 
0569 Frequency Estimation 
0570 De-Rotation 
0571. The burst timing adjusted output symbols of the 
interpolator are de-rotated to QPSK symbols by 

yd (n) = y(n)exp(-jin) for n = 0,..., N - 1 

0572 where n is an integer denoting the symbol time 
index. The first symbol of the burst, excluding guard symbols, 
is assumed to start with index 0 and this convention will be 
used for the rest of the document. 

0573 Modulation Removal 
0574. If we denote they (n) in the polar domain as 

y(n)=p(n)exp(jp(n) for n=0,..., N-1 (2-15) 

0575. The modulation on de-rotated symbols can be 
removed as follows 

y (n)=(p(n)) exp(irp(n)) for n=0,..., N-1 (2-16) 

0576 where q=2 and r 4. Note that because of the modu 
lation removal process, the frequency offset is effectively 
quadrupled. 
0577 Frequency estimation on Modulation Removed 
Symbols 
0578 Frequency estimation is performed in two stages. In 
stage one the frequency estimation on the modulation 
removed symbols are performed by DFT around the center 
frequency of 0 with the step size of Afwhere the frequency 
search range is 

fe ina-final+Af. . . . . Af0.Af. . . . . fina-Afifinal (2-17) 

0579. The frequency estimate is given by 

fort = argmaX FDFT(fi) (2-18) 
fielina, finax +Af,..., Af,0,Af, ... ina-Afinal 
where 

N-guard2-Litwis-l 2 (2-19) 

Fort (f) = X yn (n) exp(j2it n f. T.) 
n=iwl 

0580. The estimate frequency from DFTs is f-f74. The 
factor of 4 comes from the fact that the modulation removal 
process has quadrupled the frequency offset. Finer frequency 
estimation is obtained by 3-point Lagrange interpolator as 
follows: 
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^ - A f = f+ Af A (2-10) 
where 

al. Fort drr-A?) - Fort (dfr A?) (2-11) 
2 FDFT(fort - Af)+ 

FDFT(fort + Af)-2FDFT (for) 

0581. Note that Al should not be larger than 0.5, and if this 
is larger than 0.5 from the numerical error in the implemen 
tation, A should be set to zero. 
0582. In stage 2, frequency estimation based on known 
symbols: UW, transition symbols, and Tail symbols is done. 
The overall procedure is as follows. In the first stage, N 
date frequency offset candidates are obtained by performing 
DFT on the modulation removed symbols y, as: 

N-guard2-Laws-l (2-12) 
f = argmaX X. y, exp(i27 in fiT) 

feiaial n=iwl 

N-guard2-Litw$-1 

f = argmax X. y, exp(i27 in fiT) 
fie AIA n=iwl 
fif) 

v. - argmaX 
candidate fief AIA 

fill-in-a- 
N-guard2-Laws-l 

X y, exp(j2it n fiT) 
n=liawl 

0583 where T is the symbol duration. In this stage, fre 
quency offsets, which yield the N. 
ues, are chosen. Finally, one of the N frequency off 
sets f. f...., fy , is selected by the following correlation candidate. with known symbols in the second stage: 

largest IDFT val 

X. | (nexp(-i)exp(-25. (2-13) 
f = max 

fl. 1: Nandidate 

f, if (48 BW)). UW (i)+ 

(on 
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-continued 
exp(-j2t f, if (48 BW)). UW (i)+ 

f, if (48 BW)). UW: (i) 

(0584) where ta-te denotes the corrected starting time 
index of UW Symbols. Note that if N is set one, the 
frequency estimation becomes solely DFT based blind esti 
mation. For PNB3(5,12), PNB3(1,6) and PNB3(2,6) N 
date is set to one. For PNB3(5.3) N 
0585 
0586. The frequency offset is compensated by applying 
the negative of the frequency loop output to the de-rotated 
symbols, given by 

capacii 

is set to three. candidate 

Frequency Compensation to the Modulated Signal 

0587 
0588 First stage of phase estimation when two-stage 
phase estimation is employed 
0589 
residual phase error is estimated and compensated. Phase 
estimates are computed based on known symbols in the burst 
(i.e., UWs). These values are linearly interpolated to compen 
sate the phase for the symbols between UW segments. The 
phase estimates 0, are obtained by taking the angle of the 
correlation values as: 

Phase Estimation 

After compensating time and frequency, the 

Eliwn--1-1 

6 = acts u(luw, 1 + i)UW (i) 
i=0 

for n e {2, 3, 4} 

0590 where N is the number of UW segments and the 
u(i) represents the frequency error compensated output 
sequence, and luw, represents the starting indexes for 
received symbol corresponding to n-th UWs, and arctan() 
returns a value in (- L.L). In order to avoid a modulo 27t 
problem in interpolating phase values, the following unwrap 
ping formula is used for ne{2, ... , N}: 

9 = 0, +IV)2 (2-16) 

0591 where x denotes the operation of taking integer 
part of X. For compensating the phase of the symbols between 
each phase estimate on UWs, the linearly interpolated phase 
values given below are applied to the sequence u via exp(-j6 
(i): 



US 2010/O 195563 A1 

6 for is XI (2-17) 
(i-X) for X, < is X-1, 

Xi+1 - X, n e {1, 2, ..., N, -1} 
08 for i> XN 

8(i) = 0 + (6 - 6). 

0592 where X, is the time index of the middle symbol in 
the n-th UW segment given by 

1 
X = Itty + 5 Luw, 

0593. Note that X, does not have to be an integer and can 
be real value. The phase corrected symbol is denoted by 

0594 Phase Estimation for Bursts with Single Stage Phase 
Estimation 
0595. With the frequency loop output, f given in (2-14), 
the modulation removed samples are frequency offset com 
pensated as: 

0596. In the presence of AWGN, y' (n) is equivalent to an 
unmodulated carrier with a constant phase throughout the 
whole burst. This constant phase can be obtained by an unbi 
ased estimation 

(2-19) r W 

(i = ar X. an 
=0 

0597 Through a fading channel, however, the anticipated 
phase (p varies throughout a burst instead of a constant. To 
account for Such phase variation.phase estimation will be 
performed over smaller blocks split from one burst. 
0598. Let Land L, denote, in term of number of sym Step 
bols, the length of estimation interval and relative alignment 
of two consecutive blocks respectively. Here two types of 
blocks are defined: 

0599 Estimation block I 
0600 Phase block B. 
0601 The former is the interval of estimation while the 
latter is the interval to distinguish the phase variation. To 
obtain stable estimation, L, the length of estimation interval 
is bigger than that of phase block, and thus there is an overlap 
between two consecutive estimation intervals. The delineated 
blocks for phase estimation within one burst are shown in 
FIG. O-17. 

0602 FIG. 0-17. Block Delineation within One burst for 
Phase tracking 
0603 With L selected as an odd number, the phase of the 
midpoint of each estimation block can be obtained by 
unwrapping the averaged phasors within that block 

d = as 2. a) k = 0, ... , K - 1 (2-20) 
iel 
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-continued 

(cpk ) (2-21) d = d. 1 + (d. -b-)-2 int. 
1 < k < K - 1 

(0604) where do-po, int{X} denotes the integer part of X, 
and K is the total number of phase blocks over each PNB3(5. 
12) burst. Each estimation interval I is composed as 

siskiL step--step +L-10sks K-1 (2-22) 

and the phase blocks B are composed by 

{i Os is Lest f2 + Lstep f 2-1}, k = 0 (2-23) 
i Lest f2 + (k - 1 f2).Lstep s is 

Lest f2 + (k+ 1/2)Lstep - 1 
B 

1 < k < K-2 

{i Le, f2 + (k - 1/2) Later s is L-1}, 
k = K - 1 

(0606) For PNB3(5,12), L=9, L-31*4, and L-2315, 
and there are K=245 phase blocks. 
0607 Phase Compensation 
0608. The estimated (p as the phases of the corresponding 
blocks, the frequency offset compensated samples in (1-27a) 
are further phase offset compensated as 

i(i)-u(i) exp(-ji/4),ie B. (2-24) 

0609 where the factor 4 comes from the fact that the phase 
estimate is performed over the modulation removed signal. 
0610 Phase Ambiguity Removal 
(0611) The estimated phased, may not be a true estimate of 
the initial phase (p. This is due to the fact that the solution 
(1-35) is not unique. This actually leads to a set of four 
candidate Solutions, 

(cp-2J'l) 4, k=0,..., K-1 (2-25) 

0612 exist for l=0, 1, 2, and 3. This ambiguity can be 
resolved based on the available known symbols. by perform 
ing complex correlation against the first UW (UW) and the 
second UW (UW). 

0613 and by quantizing to the nearest phase values of 
1 JL/2 where l=0,1,2,3, the phase ambiguity is determined as 

B = 7 (2-27) 

Im(WPNB512) 
Re(WPNB512) 1 = arg mini-tan ( ), 1-0, 1,2,3 (2:28 

0614 The data samples x(n) are then phase offset com 
pensated as 
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0615 Tentative Symbol Generation 
0616) The QPSK modulated samples f(n) is first phase 
rotated by JL/4: 

s(n) = vi (n) + ivo (n) = a(n) exp(j), n = 0,...,N-1 (230) 

0617 
to yield: 

then the in-phase and q-phase of the signal is flipped 

0618. The real part of d(n) corresponds to the soft bit of 
even index bits and imaginary part of dOn) corresponds to the 
soft bit of odd index bits where the first bits of the burst, 
excluding guard bits, is assumed to start with index 0 (even 
index). 
(0619 Based on the decisions over samples V, and v, the 
detected QPSK symbol is finally obtained at the output of the 
symbol-mapping device. 

TABLE 2-15 

Demodulated Symbol decisions for QPSK 

Detected 
Detected QPSK Range of the phase 
QPSK SYMBOL rotated samples 
Symbol INDEX Vr, Vo 

ejit (2) O v. 20, vo 2 0 
eit 1 vs 0, vo 20 
ej2(2) 2 vs. 0, vo - 0 
ej3(2) 3 v. 20, vos. 0 

(2) indicates text missing or illegible when filed 

0620 Second Stage Phase Estimation when Two-Stage 
Phase Estimation is Employed 
0621. The unique words and the symbols in the data fields 
of the burst are utilized for phase and amplitude tracking. Let 
us consideraburst having Kunique-word fields and K data 
fields (payload and PUI). For each of the fields, we obtain 
w(n) which is given by 

0622 For a field belonging to one of the K unique-word 
fields, S is the complex constellation point for unique word 
symbol in the corresponding field and for the K data fields, S. 
is the complex constellation point for the symbol decision 
obtained in Section 2.2.6 in the corresponding data field. 
(0623) Let L., and L, denote, in term of number of sym 
bols, the length of estimation interval and relative alignment 
of two consecutive blocks respectively. Here two types of 
blocks are defined: 

0624. Estimation block I 
0625 Phase block B. 
0626. The former is the interval of estimation while the 
latter is the interval to distinguish the phase variation. To 
obtain stable estimation, L, the length of estimation interval 
is bigger than that of phase block, and thus there is an overlap 
between two consecutive estimation intervals. The delineated 
blocks for phase estimation within one burst are shown in 
FIG. 0-18. 

0627 FIG. 0-18. Block Delineation within One burst for 
Phase tracking 
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0628 With L selected as an odd number, the phase of the 
midpoint of each estimation block can be obtained by 
unwrapping the averaged phasors within that block 

(2-33) 

(bk -2. st- ... . K - 1 iel 

( . ) (2-34) d = d. 1 + (d. -b-)-2 int. 
1 < k < K - 1 

(0629 where do-ho, int{X} denotes the integer part of X, 
and K is the total number of phase blocks over each burst. 
Each estimation interval I is composed as 

I={kLssiskL+L-130sks K-1 (2-35) 
0630 and the phase blocks B are composed by 

{i Os is Lest f2 + Lstep f2 - 1}. k = 0 (2-36) 
i Lest f2 + (k - 1 f2).Lstep s is 

B = 1 < k < K-2 { Lest f2 + (k + 1 f2).Lstep - 1 } 
{i Le, f2 + (k - 1/2)Lster s is L-1}, k = K-1 

06.31 The phase compensated output is denoted by u'(n). 
For all the other code rates u'(n)=f(n) 
0632 Noise Variance Estimation 
0633 Noise Variance Estimation for PNB3(2,6) 
0634. The unique words symbols of the burst are utilized 
for estimation of the noise variance which can be used for 
decoding the Turbo code. Let us consider 4 unique-word 
fields for PNB3(2,6). For each of the fields an estimate of the 
amplitude gain q is evaluated which is given by 

0635. For a field belonging to one of the K unique-word 
fields, S,(n) is the complex constellation point for unique word 
symbol in the corresponding field. 
0636 Given m, u',(n) and s(n), the maximum-likelihood 
estimate of of the noise variance is 

(2-38) 

2O2 1 n=iw, 
O --- 

Litwil + Litv -- n=laws --Laws 
2 Law, + Law, X us(n)-nas (n) + 

n=iw, 
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0637. The above estimate of the noise variance is used for 
Turbo decoding. 
0638 Noise Variance Estimation for PNB3(5.3) and 
PNB3(5,12) 
0639 For PNB3(5.3) and PNB3(5,12) UW1 and UW2 are 
considered as one UW block. Thus we consider a total of 

K=4 UW fields in PNB3(5,12) burst and a K=3 fields in 
PNB3(5.3) 
0640 For each of the UW fields an estimate of the ampli 
tude gain q is evaluated which is given by 

(2-40) 

fields, S,(n) is the complex constellation point for unique word 
symbol in the corresponding field. 
0642. Given m, u',(n) and S,(n), the maximum-likelihood 
estimate of of the noise variance is 

0643 For PNB3(5,12) 

X [u, (n)-nis (n) + 

2O = Litwil + Litv2 + 2. 

X us(n)- mass (n) 
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0644. For PNB3(5.3) 

0.645. The above estimate of the noise variance is used for 
Turbo decoding. 
0646 Amplitude estimation and Compensation 
0647 Tentative symbol decisions on the payload and PUI 
symbols after second stage phase tracking as described in 
Section 1.4.6 is made. The unique words and the symbols in 
the data fields of the burst are utilized for amplitude estima 
tion. Let Obe the index in the burst for the first symbol after 
the first guard interval and K be the index for the first symbol 
of the guard interval at the end of the burst. An estimate of the 
amplitude gain m is given by: 

K-1 (2-41) 

Xues: 
k=0 

n = 
X |s| 
ik=0 

0648 s is the complex constellation point for the corre 
sponding unique word symbol or for the tentative symbol 
decision obtained in Section 1.4.6 for the data fields. 
0649. The demodulated symbol in each burst, u'(n) is 
scaled by 1/m to obtain new symbol r(n) 

0650 SNR Estimation 
0651) Given received signal samples (after demod timing, 
frequency, and phase correction), r(n), n=0, 1,..., K-1, and 
transmitted bits s(n), n=0, 1,..., K-1, it is straightforward to 
show that the maximum-likelihood estimate of the channel 
gain is given by 

K-1 

0652 Given w, r(n) and s(n), the maximum-likelihood 
estimate of of the noise variance is 
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0653. Similarly, given and s(n), the average signal 
energyu is given by 

1 K-1 
2 - 32 2 

il =ia), sof. 

0654 
given by: 

Taking the ratio of u and of, the estimated SNR is 

K-1 (2-43) 

2 AXE s(n)| 
il ik=0 

SNR = 10logg, = 10 logo y (n)-As(n)? 
iii) - Si 

ik=0 

0655 The transmit symbol s(n) is in general unknown a 
priori, but they can be estimated at the receiver: 
0656. Known symbols. The case where the sample indexes 
represent the known pilot symbols. True values are used for 
S(n). 
0657. Unknown (data or payload) symbols. The case 
where the sample indexes represent the unknown data sym 
bols in the burst. The choice for the values s(n): 
0658 Hard decision values of the demodulator output are 
used for s(n). This is the case for conventional SNR estimator 
and referred to as “Blind EVM scheme'. 

0659. Usually, in low SNR, the SNR estimator exhibits a 
high bias, and this bias can be removed by applying the 
linearizer. The linearizer can be realized by a memoryless 
mapping function, denoted by L(SNR). Then, the linear 
ized SNR estimate is given by 

SNR=L(SNR(SNR)) (2-44) 

0660. The purpose of the linearizer is to reduce the bias 
Such that the mean of the estimator is the same as the actual 
channel SNR 

0661 Symbol Decisions and Soft Bit Generation 
0662. The QPSK modulated samples in r(n) is first phase 
rotated by JL/4: 

s(n) = r(n) + ivo(n) = r(n) exp(ii), (2-45) 

0663 
to yield: 

then the in-phase and q-phase of the signal is flipped 

d(n)-vo(n)-tivi (n), (2-46) 

0664. The real part of d(n) corresponds to the soft bit of 
even index bits and imaginary part of dOn) corresponds to the 
soft bit of odd index bits where the first bits of the burst, 
excluding guard bits, is assumed to start with index 0 (even 
index). 
10665 Based on the decisions over samples V, and v, the 
detected QPSK symbol is finally obtained at the output of the 
symbol-mapping device. 
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TABLE 2-16 

Demodulated Symbol Decision 

(2)etected 
(2)etected QPSK Range of the 
QPSK SYMBOL phase-rotated Samples 
Symbol INDEX Vr, Vo 

V, 20, voe 0 
v, - 0, vo 20 
v, - 0, vo - 0 
v. 20, vos. 0 

(2) indicates text missing or illegible when filed 

For Turbo coded bursts The soft bits are scaled as 

0667 
section. 

0668. The scaled, soft-bits are then quantized into 5 bit 
signed integer values (i.e., they are represented in integer 
values between -32 and 31) as 

0669 where 9{X} and Š{X} denotes the real and imagi 
nary part of complex variable X and 

where the values of areas calculated in the previous 

0670 where the function int quantizes its argument 
with a floor of -32 and a ceiling of 31. The quantization uses 
I=6. These quantized bits are then fed to the Turbo decoder. 
0671 For PNB(1,6) bursts: 
0672. The soft bits are scaled as 

v'(n)=v,(n)-2V2. SNR 

0673 where SNR is the linear, estimated SNR from (46). 
The scaled, soft, PRI bits are quantized into W-8 bit 
signed integer values (i.e., they are represented in integer 
values between -128 and 127) as 

0674) where 9{X} and {X} denotes the real and imagi 
nary part of complex variable X and 

0675 where the function int { } quantizes its argument 
with a floor of -2", and a ceiling of 2",-1 and Ier, is 
tabulated below for the three code rates. 

0676. The quantization translates the unit valued soft bits 
(v,(n) v2 and vo(n)-V2) into integer values between -Ir, to 
Ier-1. The remaining integer values (from-2', to-I-1 
and from Ir, to 2",-1) are used to allow for the headroom 
given by the multiple 2-SNR. These quantized bits are then 
fed to the Viterbi decoder. 
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Code 
Rate IPRI 

O6 8 
0.7 8 
O.8 4 

0677. Hybrid Diversity Combining 
0678. Two-path Diversity Combining 
0679 FIG. 2-19 below shows the block diagram for the 
two-path diversity combining scheme. This could be polar 
ization or satellite diversity. The two demods output the 
scaled, soft bits from Equation (2-46). These sequences must 
also include the scaled, soft UW bits as well, since these are 
required for SNR estimation. Each of these sequences are 
added together and scaled by 0.5 as 

0680 FIG. 0-19. Two-path diversity combining 
0681 For this sequence the I and Q values are first flipped 
and then the resulting signal is rotated by -1/4 to correct the 
opposite rotation in Equation (2-46) and then fed to the SNR 
estimator 
0682. The PRI bits from the sequence in Equation (2-52) 
are quantized as 

9) (d.1).std.(1).9 dI2(2)}.S.dl3(2)}, ... } (2-53) 
0683 where 9{X} and Š{X} denotes the real and imagi 
nary part of complex variable X and 

0684) where the value of IPRI is half of the value of I 
given in Section 2.2.11 and the quantizing function int { } is 
as described in Section 2.2.11 
0685. The quantized sequences derived from d(n), d. (n), 
and d (n) are then fed to the FEC decoder, which generates 
the Boolean CRC pass or fail indicator. Finally, betweenthese 
three quantized sequences or between these three diversity 
paths, the demod choses the optimal sequence or path by 
selecting the one with a passed CRC and the largest SNR. 
0686. Four Path Diversity Combining 
0687 FIG. 0-20. Four-path diversity combining 
0688 FIG. 2-21 above shows the block diagram for the 
four-path satellite and polarization diversity combining 
scheme. The four demods two per satellite output the scaled, 
Soft bits from Equation (2-46). These sequences must also 
include the scaled, soft UW bits as well, since these are 
required for SNR estimation. Each of these sequences are 
added together and scaled by 0.25 as 

1 
dA (n) = (dA(n) + dA (n) + dhi (n) + dB(n)} (2-55) 
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0689 For this sequence the I and Q values are first flipped 
after which the resulting sequence is rotated by -TU/4 to cor 
rect the opposite rotation in Equation (2-46) and then fed to 
the SNR estimator 
(0690. The PRI bits from the sequence in Equation (2-55) 
are quantized as 

d4 (2)}.S{dae.(2)}, ... } (2–56) 

(0691 where {X} and Š{X} denotes the real and imagi 
nary part of complex variable X and 

dap(n)-intiprisd'Ale(n)} (2-57) 

(0692 where the value of IPRI is one-quarter of the 
value of I given in Section 2.2.10. and the quantizing function 
int { } is as described in Section 2.2.10. 
(0693. The quantized sequences derived from d(n), 
d(n), d. (n), d(n) and d(n) are then fed to the FEC 
decoder, which generates the Boolean CRC pass or fail indi 
cator. Finally, between these five quantized sequences or 
between these five diversity paths, the demod chooses the 
optimal sequence or path by selecting the one with a passed 
CRC and the largest SNR. 
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0696 While the invention has been described in connec 
tion with a number of embodiments and implementations, the 
invention is not so limited but covers various obvious modi 
fications and equivalent arrangements, which fall within the 
purview of the appended claims. Although features of the 
invention are expressed in certain combinations among the 
claims, it is contemplated that these features can be arranged 
in any combination and order. 

What is claimed is: 

1. Abroadband satellite communications system compris 
ing forward error correction (FEC) encoder/decoder, inter 
leaver/deinterleaver, puncturing/de-puncturing, scrambler/ 
descrambler, bit to symbol mapping/de-mapping devices, 
modulator/demodulator, transmit and receive filter, operating 
in a time-division multiple access (TDMA) system where 
information is sent in a burst-by-burst fashion during the 
assigned time slot; Supporting diverse traffic types such as 
voice over internet protocol (VOIP), control messages 
(DACCH) and keep alive burst (KAB) during silence period 
and multiple data rates. 

c c c c c 


