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[(4)02j This disclosure relates generally to
communication systems. More specifca.lly,  examples
disclosed herein relate to methods and systems for
enhancing performance of  a Robust Header Compression
(Rol=IC) compressor when encountering silence.
suppression. Background  J(H)031 The Internet Protocol
(IP) has become the choice of transport protocol for
both.  wired and wireless networks, and is leading to
the co.nver4(ge.nce of telecom-111 unicati Oil  and
data networks. Efforts have been undertaken to
compress protocol headers,  hcnvever, a challenge lies
in developing efficient and robust header compression
schemes. BRIEF DESCRIPTION OF THE DRAWINGS  100041
FIG. I illustrates frames and packets in a
communication system;  (0005] FIG. 2 illustrates an
example of header compression; 100061 FIG. 3
illustrates an example of a. communication system;
100071 FIG. 4 illustrates son .c hardware and software
components of a BTS, RNC- PDSN: WO 2007/112140
PCT/US2007/060191  ry 1000)81 FIG. 5 illustrates some
hardware and software components of an. access
terniin al; 



1OOO9I FIG, 6 illustrates a series of packets in a
packet stream  1001.01 FIG. 7A illustrates consecutive
packets of speech; (00111 FIG. 7B illustrates a.
speech segment represented by six consecutive packets,
(00121 F-1 G. 8 illustrates silence suppression in one
example; 100131 FIG 9 illustrates silence suppression
in another example;  IOt) 1.41 FIG 10 Illustrates
changes in TSSTRIDE in one example:. 1001.51 FIG. I I
illustrates an example of a process configured to
improve performance  of RoHC"; (00161 FIG. 121
illustrates periods of talk-spurts, and periods of
silence in AMR: 100171 FIG. 1: illustrates a flowchart
of an example of a process configured toiniprove  perf
riance of :Rolf 00181 FIG. 14 illustrates means
corresponding, to the inethod of FIG- 13, 100191 FIG.
15 illustrates a flowchart of another example of a
process configured to  improve performance of RoC, and
100201 FIG. 16 illustrates means corresponding to the
method of FIG. 15,  DETAILED DESCR.I:PTION 100211
Examples disclosed herein relate to methods and
systems for enhancing  performa,nee of a Robust Header
Compression (Rol-IC") compressor when encountering
silence suppression. These examples may be implemented
in any wireless and/or wired  communication systemaa,
such as cellular networks, :Public Switched Telephone
Networks (PS I'Ns), wireless Internet, satellite
networks, Wide Area Net-works. (WANs),  Wireless Local
Area Network; (WLANs), VoWP networks, IP-based
multimedia  systems, etc. 100221 In many services and
applications, e .g., voice over IP (VoIP), video
telephony>,  interactive games, messagun{o, etc., data
is formed into packets and routed through a  network.s
used herein, a "f'rame' refers to a portion of a data
frame formatted for  transmission in a coca- m
unication syrstemaa. FIG. 1 illustrates several
packets 102 and  frames 104. A frame 104 may be a
certain length in time, for instance, 20 cosec, and
may or aaaaay not coincide with the length of a packet
102. Each packet is sent to a  destination in the
network. based on an assigned address, typically
contained in a header. WO 2007/112140
PCT/US2007/060191  The header marks the beginning, of
the packet, a trailer marks the end of a packet, and
the "payload" refers to the data portion of a packet.
A. packet may have various types of  



headers such as iirterriet Protocol (I-P), User
Datagram Protocol (UDP), Real-Time  Transport Protocol
';Rr P), and -Transmission Control Protocol (TC.P)
headers. in certain  scenarios, the payload of an l:P
packet may be of comparable sire-, or even smaller
than  the header. 100231 In landline or wireline
systems, constraints on. bandwidth are low and data
may  be communicated by continuously sending full rate
packets. In wireless communication  systems however,
there is limited bandwidth and thus a. need to
conserve it. reduction  in packet overhead May be
accomplished by reducing the size of packet headers.
Header  compression improves quality, speed and
network transmission efficiency. Further,
.interactive response time is improved by header
compression, and it becomes possible  to support more
users within a. certain channel ban width. This in
turn, results in a  reduction of deploys .ent costs.
FIG, ? illustrates an example of header compression in
a  communication system implementing voice. In this
example, the uncompressed header  adds up to 40 bytes
of overhead. With header compression, the resulting
overhead is 2-4  bytes instead. Header compression
helps conserve necessary bandh\~idth over the
network, 100241 FIG, 3) illustrates an example of a
communication system 300 in Which one or  more methods
described herein may be implemented. A first Access
Terminal (AT)  301 A includes a Reverse Link. (or
uplink) header compressor 302. The first, access
terminal 30IA. communicates wirelessly via a Reverse
Link. (RL) with a base station  -304A and a Base
Station Transceiver System/Packet Data Serving Node
(TI'T'S R:NC- PDSN) 306A in a Radio Access Network
(RAN). 100251 The BTS-RNC-PDSN 306A includes a reverse
link header deconipressor 310, Ohich may perform one
or more methods described herein. The ]H'I'S-RNC-l
DSNl 306A  Communicates with a Packet Data Serving
Node,,Base Station Transceiver System  (I'DSN-BTS)
306I3 via a Vol' network 308. The PDSN-BTS 30613
includes a forward  link (or downlink) header
compressor 3 12. 10261 Base station 30413 and
PI)SN-B'I'S 300B may communicate wirelessly via a
forward link with a second access terminal 3011.. The
second access terminal 301B  includes a forward link
header decompressor 314, which may perform one or r
more  methods described herein. Instead ot'M o
wireless access teraninals 301A, 301B, one of WO
2007/112140 PCT/US2007/060191  4 the access terminals
may be a wired terminal. Reverse link header
compressor 302 and  



reverse link header decompressor 3 10 represent a
first compressor-deconapressor pair.  Forward link
header compressor 312 and forward link header
decompressor 314  represent a second
compressor-decompressor pair. 100271 The reverse fink
and forward link may use one or more comm. u- ic.ation
protocols.. such as Code Division Multiple Access
(CDM.A) I x, CDMA Ix >-<V-DO  (volution Data
Optimized), y ridebaand CDMA (WCDMA), Time Division
Synchronized (TD-SCDM: ). Global System for Mobile
communication; (GSM).  OFDM (Orthogonal Frequency
Division Multiplexing), systems supporting 1E.EE
standards, such as 802.11 (.A,B,G), 80116, etc. (00281
The ""access terminal" described herein may refer to
various types of devices:  such as a wired phone, a
wireless phone, a cellular phone, a laptop computer, a
wireless  communication Personal Computer (PC) card, a
Personal Digital Assistant (PDA), an  external or
internal modem, etc. An access terminal may be any
data device that.  communicates through a wireless
channel or through a wired channel, for example  using
fiber optic or coaxial. cables. An access terminal may
have various names, such as  access unit, subscriber
unit, mobile station, mobile device, mobile unit,
mobile phone,  mobile, remote station, remote
terminal, remote unit, user device, user equipment,
handheld device, etc. Access terminals may be mobile
or stationary and may be  dispersed throughout the
communication system 300 of FIG. 3. access terminals
may  comraaun.icate with one or more Base Station
Transceiver systems (BTSs), which may be  called (or
include) base stations, access networks, access
points, Node Rs, or Modem  Pool Transceivers (1L
P`1's). 100291 FIG. 4 illustrates an example of some
hardware and software components of the
.I3TS-RN'C-PDSN 306A and/or PDSN-BTS 306B of FIG. 3,
One example includes a  processor 400, an A.pplcaation
Specific :Integrated Circuit (A SIC) 402, a
transceiver 404,  and a memory 406. The memory 406
stores one or more capper lavers 407, such as an
application layer 408, a transport layer 410, and a
network layer 412. The application  layer 408
processes Real-Time Transport Protocol (RTP or RTCP)
headers. The  transport layer 4R) processes
Transmission Control Protocol and User :Daatag..ram
Protocol (L'17P) headers. The network layer 412
processes IP headers. (00301 The memory 406 may also
store a robust header compression compressor 312  and
as robust header compression deconrpressot 310, Robust
header compression WO 2007/112140 PCT/US2007/060191  



5 compressor 312 may store it timestamp calculation
unit 312: and robust header  compression decompressor
310 may store a timestarnp calculation unit 310A. 1
Mleaaaory  406 may also store one or more lower layers
420, such as a link layer Medium Access  Control (MAC)
layer 414, which may include a Radio Link Protocol
(RLP) sublayer.  The lov~wer layers 420 may also
include a physical layer 416. (0031( FIG. 5
illustrates some hardware and software components of
the access  terminals 301:A, 301B of FIG. 3. One
example includes a processor 500, an :AS C". 502, a
transceiver 504 and a memory 506. The memory 506 may
store one or more upper  layers 507, such as an
application layer 508, a transport layer 51 O, and a
network layer  512. The a~ppl:icatio:n layer 508
.mrmaayprocess RTP lheaadlers. Tlhe transport l ayer`
510 rrraa.y  process TCP and IDP header- The network
layer 512 may process IP headers, (00321 The memory
506 may also store a robust header compression
compressor 302  and a robust header compression
decorrapressor 314. Robust header compression
compressor 302 may store a timestamp calculation unit
302A and robust header  compression decompressor 314
may store a timestamp calculation unit 314A. Memory
506 may also store one or more lower layers 520, such.
as a link layer MAC layer 514,  which may include an
RLP sublayer. The lower layer 520 may also include a
physical  layer 516, 10331 Rol-1C is a header
compression scheme that efficiently compresses
RTP/UIW,/IP  headers. Robust header compression is
described in Request For Comments (RFC)  3095,
entitled "Robust Header Con pression R:C)II:C :
Framework and .four profiles:  UP, UDP, ESP and
uncompressed," which is an Internet standards track
protocol  distributed by the Network-- Working kin4g
Group of The Internet Society in July, 2001 100341
Generaliv, packets transferred over a link are not
independent from each other,  but share particular
common parameters, e.g., source addresses, destination
addresses,  etc. Header compression is made possible
by the significant redundancy betw=een header  fields
within the same packet or between consecutive packets
belonging to the same  packet stream. A "packet
stream" refers to a sequence of packets, usually
grouped  together logically, e.g in an audio packet
stream or video picket stream. A RoHC  algorithms uses
common parameters in a packet stream to compress
packet headers by  r aa.aintaaining certain state
information. This state information is referred to as
a  context, 



WO 2007/112140 PCT/US2007/060191  6 14)351 A
compressor-decompressor pair maintain it context at
each. side for each packet  stream. The context for
each packet stream is identified the same Context
Identifier  field (CID) at the compressor and the
decompressor. For instance, RL header  compressor 302
and RL header decompressor 31.0 in FIG. 3 may each
maintain a  context, "CID" for a particular voice
flow, "Wj." The context contains information  from
previous headers in the packet stream and other
possible reference values for  compression and
deeconr.pression.. Data describing the packet stream,
such as information  about how an IP Identifier field
changes and inter-packet increases in Sequence Number
(SN) or Timestamp (TS) is also contained in a context.
In order to ensure a robust  header compression
scheme" there is a need for mechanisms to avoid
context  inconsistencies, and to make contexts
consistent when they are not. 10361 Initially, a
compressor and demcompressor may not have an agreement
on  compressing or decompressing a certain packet
stream. A compressor may send RoUC'  packets having
static and dynamic information about a packet stream
to the  decompressor to establish a context. Once both
static and dynamic fields are set up, a  compressor
need only send minimal information to advance the
regular sequence of  compressed header fields, The
compressor and decompressor update their contexts
upon certain events. 100371 Static header fields need
to be transmitted only at the establishment of a
context  as these fields remain constant afterwards.
More sophisticated ;algorithms are required to
compress the dynamic aspects of a header field A.
dynamic header field may be  compressed or
decompressed directly by a R.oC algorithm. However, it
may be more  effective to compress or decompress a
header field by using a linear function of rather
fields such as an increasin ; Siyl or TS. This
requires fewer bits By sending static field
information only Initially', and utilizing
dependencies and predictability for other fields,  the
header size may be significantly reduced for most
packets. 14)381 The SN of an RTP packet increments by
one for each transmitted packet and  may be used by a
receiver to restore packet sequence and to detect
packet loss. The IS  m iy= reflect the sampling
instant of a first octet in the RTP data packet. The
sampling  instant is derived from a clock that
increments monotonically and linearly in time, In
applications that process speech, the TS may be
incremented by a constant delta that  



corresponds to the number of samples in each speech
packet, For instance, an input  device may receive
speech packets having 160 sampling periods, thus TS is
WO 2007/112140 PCT/US2007/060191  7 incremented by 160
for each packet FI'G 6 illustrates a series of packets
in a stream  with consecutive SN and TS in increments
of 160. The IS increment is the same, i.e.  160,
whether the packet carries a se pent: of speecl or
represents a segment of silence.  This is also true
whether or not silence suppression is implemented.
Silence suppression  is discussed in further detail
hereirhelov. (0039( A Roll[; compressor estimates the
increment in W1 7P TS between two  successively
generated packets. Where the RTP packets have
consecutive sequence  numbers, this increment is
referred to as TS STPUDF. Generally, TS-STRIDE between
consecutive packets of the same type is a fixed
amount. For instance, FIG. 7A illustrates  an
application where SNi, N , represent packets of speech
having consecutive SN's,  I. 6 As illustrated,
TS-STRIDE between each pair of packets is the
difference in TS  between a particular packet and the
previous packet. As illustrated, TS-STRIDE  between
two packets is given as TS,-TS,, where i and j are
consecutive SNs. In FIG. 7A.,  TS STRIDE = (TS.-TS,;)
= (T%,,-TS (TS,-TSk ), etc. Knowledge of this fixed
amount.  enables the compressor to scale the R`E'P
'I'S before compression. Thus, accurate  determination
of TS...STRIDE between packets is required for
efficient compression of  the RIP timestamp field.
10040( Use of a scaled RIP TS reduces header overhead
since scaling results in the  compression of a smaller
value and consequently-, fewer bits. For instance,
consider  voice carried over RTPiUDP/I:P, In a voice
codes producing 20 n sec packets sampled at  8 kHz,
the RTP TS increases by the number of samples
contained in 20 cosec, or  8000"'0.02? = 160 samples.
A. segment of speech represented by six consecutive
packets  is illustrated in 1=IGi. 713, T ie RTP 'I4
increments by 160 between consecutive packets,
therefore, R'I'P "I'S of the first packet is 160,
R'I'P TS of the second packet is 320, R'I'P  TS of the
third packet is 480, etc 171cre, a compressor may use
scaled RTP TS values of  1, 2, 3 etc instead of RIP
'I'S values of .160, 320: 480 etc. In the latter case,
a  compressor would need to encode a. change of 160,
whereas in the former case it would  need to encode a
change of 1, thus using fewer bits. In one example;
the RoHC  al4,gorithni may compress the RTP SN field
and then use linear relations from RTP SN to  



other changing fields such as the RTP 'l:'S, 100411 In
another aspect of the disclosed invention, Least
Significant Bits (LSBs)  encoding may be used to
compress the header fields. Using LSI3s encoding, the
k least  significant bits of a field value are
transmitted in place of an entire field value, where k
WO 2007/112140 PCT/US2007/060191  8 is a positive
integer. A. decornpressor receives the k bits and
derives the original value  using a previously
received value as a reference. This value may be
referred to as  `;v ref." To illustrate, using LSB
encoding, the binary 000010.10 (corresponding to
decimal 10), comprises Most Significant Bits (MSBs)
0000, and LSBs 1010. Instead of  transmitting all
eight bits of the o gir al. valtc, the four LSBs 10 10
may be transmitted to a receiving device, If
successffrllyF received, a decompressor derives the
original  packet value using v. r e f ' , Y---ref may
be stored in a context. In one example, v ref
represents the last correctly decompressed packet
value. Assuming successful  decompression of the
received header, the context of the decornpressor is
updated to  000010/0 and the original packet
re4genera.ted. Upon successful regeneration, vref ma.
be updated to a current correctly decompressed value
and stored. Assuming a next  value, 00001111 (decimal
value 15), is to be transa fitted, the four LSBs 11 1
1 may be  transmitted and it successfully received,
the decompressor updates its context by  appending the
received value 1 1 1 1 to the MSBs of the current
context value and  checking if the generated value is
o\1ithin an interpretation interval. In this example,
the  current context value is 00001010, and the N-ISBs
are 0000. The deconipressor would  update its context
value to 00001111 and regenerate the originally
transmitted packet  value, 100421 In speech coding,
background noise is generally transmitted in
conjunction with  speech. If the transmission of
speech is cut off. there is also a cut off of
background  noise. Discontinuities in the transmission
of background noise naay be disconcerting to  a
listener who expects feedback from the other side of
the communication link.  Generally background noise
serves as feedback. During a "silence" interval (an
instance in a full duplex conversation where at least
one of the parties is silent) the  channel may
c-onmrmunicate background noise information using
smaller sized packets.  For instance, many CDM:A
systems send a continuous train of one eighth rate
packets  every 20 cosec during a. silence period to
communicate background noise. In order to  



conserve bandwidth in a packet-swvitched systex , most
packets representing silence may  be dropped. This is
done without coin compromising the quality of the
communication  channel and may be referred to as
silence supl cession. 100431 In vocoders such as
Advanced l fulti-Rate (:AMR) Codec and Enhanced
Variable  Rate Codec (I VRC), a data compression
scheme is incorporated for coding speech. tn  such .
applicatic.ns; synthetic noise similar to background
noise on the transmit side is WO 2007/112140
PCT/US2007/060191  9 generated on the receive (RX)
side, When speech. is not present, synthetic 11018C is
estimated on the transmit side and transmitted to the
receive side at frequent intervals.  This allows the
synthetic: noise at the receiver to adapt to changes
is the transmit side  noise. In AMR coding for
instance, during silence periods, the evaluated
background  noise is encoded into a packet referred to
as a.Silen.ce Descriptor. (SID) packet. The
back4?,round noise parameters to be encoded into an
SID packet are calculated over eight  consecutive
packets and the SID packet is transmitted to the
receiver side every eighth  packet. Effectively, seven
out of every' eight SID packets generated are dropped
at the  source. Thus, during silence periods, an AMR.
Codec generates and transmits SID  packets every 8*20
::: 16O:arasecs. This is contrasted to regular speech
packets in a  talkspurt Avhich are. generated every 20
cosec. At the receiver side, the background noise
generaa:tion is started or updated whenever a. valid
SID packet is received. 100441 In a system
implearaenting silence suppression, an R'I'P I'S may
jump in  proportion to the length of the silence
period. During silence suppression, although  some
packets are dropped, RIP TS continues to increment
while RTP Sid does not.  This is illustrated in FIG. 8
where a packet is generated and assigned a SN of l and
has  a 'I'S of 160. This packet may represent a
segment of speech. Subsequently, three  packets are
dropped at the sender. The dropped packets may be one
eighth rate packets  representing background noise. In
this illustration, the three dropped packets are
assigned TSs 320, 480 and 640, in order. They are not
assigned SN's in FIG. 8, a fifth  packet, representing
a segment of a. talkspurt, following the silence
period is generated  and is assigned a SN of 2. The
fifth packet is assigned a TS of 800 since the
increment  in 'I'S is 160. In this illustration 'rs-4"
uDE between the first received packet. SN -- 1  and
the last received packet,. SN 2 is calculated as
800-160-__640. 100451 Generally, when TS..._STRIDE is
a faxed value between consecutive packets, the  



compressed value of a scaled RIP 'I'S is communicated
by the compressor to the  decorpressor- where it is
decompressed. With. a fixed TS STRIDE value, it
requires  few bytes, such as in a U OR-0 or UOR- I
packet to transmit compressed values to the
decompressor. A detailed description of these packet
formats is found in RFC 3095.  These packets are
generally one to three bytes in length (plans two
bytes of UI)l?  checksar, if applicable} and contain
SN, TS and CRC information, which is used to  update
the context of a header compression scheme. For
instance, in FIG. 9, it is  assumed the source
implements silence suppression. Packets, SNr, SN ,
5.:N3 and SN4 WO 2007/112140 PCT/US2007/060191  10 are
transmitted with TS 160, 320, 480 and 9601,
respectively. Assume 2 silence  packets were silence
suppressed between packet SN_; and SNa. Assume further
that at  the compressor, the TS of each packet is
compressed by TS...STRIDE = 160. Therefore,  the first
packet has a scaled TS of 1, the second packet a
scaled TS of 2, the third  packet, a scaled TS of 3,
and the fourth packet a scaled TS of Here, using I.SB
encoding, upon receipt of the second packet, SN2, the
RaHC algorithm updates the  context of the compressor
to represent the scaled value of 2 as 001 0. Upon
receipt of the  third packet, SN3, the context is
updated with TS information and the bits 0010 are
updated to 0011. In this scenario, only the last f m;
bits needs to be changed. Thus the  context can be
updated b using a small packet, such as a 1I{-)R.-0 or
L 'OR-J. packet.  The small size of t O3R-0 and UOR-1
packets makes it possible to maintain efficient use
of bandwidth. 100461 In a scenario where the value of
TS_S-MI:I E changes, a packet larger than a  1~l+ R-O
or U'OR-I is required to comurunicate the change M.
TS...STRIDE. For instance,  a UOR-2 ext 3, TR-DYN or
IR packet may be used. These packets are at least 7 or
8  bytes long and bandwidth. becomes a concern,
especially when it is required to transmit  these
packets multiple times (if the IS STRIDE change is to
be communicated reliably,  these packets may have to
be repeated a few times). When the. R'I"I' source
employing  silence suppression transitions from
silence to speech (and speech to silence), the RoFIC
compressor may think that the TS STRIDE has changed,
causing it to send the updated  TS-STRIDE. In order to
communicate this TS-STRAY reliably, the updated  TS
-STRIDE has to be sent a few times. For instance, in
FIG. '10, TS -STRIDE is a first  value, '1'SSTRI_DE,
during a first segment of speech, a second value,
TSSI:RIDT.,  



during a period of silence and the first value,
'I'S-STRIDE; at the second period of  speech. During
each change in TS.... STRIDE, for instance from TS....
STRIDEi to  TS-S'1'R:I:DEc, the Ro:HC compressor may
update its context and this requires use of  more
bits, representing the updated value of TS...STRIDE-
In turn, larger 1.. OR.-2 ext. 3  packets, which may
be transmitted multiple times, are, used to
communicate the changed  TS STRIDE. Referring back to
FIG. 9, there is -a jump in TS__STRIDE between packets
SN:3 and SN4 due to silence suppression. Upon
receiving packet SN3, the compressor  may estimate
TS..._STRIDE as 160, whereas upon receiving SN4, the
compressor  estimate TS STRIDE as 480. When the RTP
source goes back. to speech, the  compressor may
again. estimate the TS-STRIDE as 160. Each time the
TS-STkl.,DE WO 2007/112140 PCT/US2007/060191  11
changes, the compressor may need to send a UOR--2 ext
3 (or IR or 1R-Y `) packet to  communicate this change
to the decompressor. 100$71 In one example, in order
to overcome inefficiencies caused by a change in
TS-STRIDE value between packets; the compressor may
not change its value of  TS STRIDE until it sees a new
TS STRIDE recurring in "N" consecutive occurrences.
In other words, a compressor may continue to use its
earlier calculated value of  TS.... STRIDE until a
predetermined number IN consecutive values of new
calculated  TS STRI:DEs yield the same value. This
example is illustrated in FIG, 11. 100481 In FIG. 1.1,
a packet SN,, TS=i60 is generated. This is followed by
two packets  which are subsequently dropped at the
sender due to silence suppression, and then by  the
generation of four packets SN2, SN 3SNr, and SN .
These packets have IS values  640, 800, 960, and
11'20. respectively. As illustrated, the last three
consecutive values of  IS_S'I'R:I:DE stay constant,
with TS_STRIDE_- 160. The compressor may thus use  TS
STRIDE=160 for compression. In the above illustration,
N=3 was used, however,  the value of N may be
application dependent. Moreover, even though the RTP
TS  jumped by 480 between packets SN_', and SN4, they
compressor did not update its  estimate of TS STRIDE
since the RIP IS increment of 480 occurred only once.
In  other examples, the compressor may use other
values for N (e.g., 5) in determining the  correct
value for TS STRIDE. 100491 A. scenario using TS--_
STRIDE occurring N consecutive times may not be
optimal where several (more than the value of N)
consecutive SID or I/$th rate packets  



are sent during silence. These packets may be spaced
apart by an equal amount of time  at the source, and
thus have the same change in RIP TS For instance,
suppose  1'S-STRIDI? is selected as a value occurring
in N consecutive occurrences of  TS.... STRIDE in an
AMR application As illustrated in FIG-. 1.2, eight 20
msec packets  706 are transmitted during a segment of
speech 702 and IS-S ('RIDE is calculated as  (8000KHz
* 0.02Osec) = 160. During silence, one SID packet 708
is transmitted for  every, eight packets {generated
during silence 704, TS STRIDE during silence is  (S
00KHz*t).l Osec) 1280. In FIG. I.2., packet SN9 has a
TS of (160)*(9) = 1440,  packet SN-j() has a TS of
(160)*(l0) - 1600, SID packet SNI I has a IS of
(160)*(1$) ....  2880, SID packet SN,'1 has a TS of
(160)*(26) = 4160, etc. As illustrated, during the
first period of speech, the compressor sees a value of
TS STRIDE ::: 160, and during  silence, TS _ST.RID is
updated to 160*8 = 1280. Therefore, in a scenario
where N = 2 WO 2007/112140 PCT/US2007/060191  12 and
the count for Nis triggered at packet SN 1the value of
TS STRIDE occurring in N'  occurrences of TS-STRIDE m
1280. Thus, the RoHC' compressor may estimate an
updated value of TS STRIDE during silence and hence,
will have to send a larger  packet. 1{I54] in FIG. 12,
TS STRIDE. is estimated as 160 during the first speech
segment and  the compressed header may be communicated
to the decompressor by .means of a L,:O-lt.- 0 or
UOR-1. packet However, during silence, :mhon
TS---STRIDE is updated to 1280, the  apparent "jump"
in TS__ STRIDE requires the use of a larger.- U OR-2,
ext 3, IR-DAN' or  IR packet to communicate the
compressed value to the decomrpressor. As mentioned
previously,, these headers require at least 7 or 8
bytes and therefore, take up extra  bandwidth. Once
the RiP source transitions back to speech, TS-STRIDE
appears to  change back to 160* 1 160 and the
decompressor needs to be updated. Once again. the
change is communicated to the decoa7rparessor via the
larger IJORw2 ext 3.:I:R or IRw  DYN header. This
larger packet may need to be sent multiple times to
communicate the  change reliably, resulting in
suboptimal use of bandwidth. Therefore, when RoHC is
compressing packets generated by AMR, using a value of
TS STRIDE determined over  N consecutive packets may
still see a jump in TS_STRiDE between speech and
silence  segments in a talkspurt. This results in
potential waste of bandwidth. ANNIR is discussed
herein for illustrative purposes only. Concepts
described may apply to other speech  



coding algorithms. 1005.1.] In one example, instead of
updating TS_STRIT)E if the same RTP TS increment  is
seen over N occurrences, a value "MIN-TS-STRIDE" may
be used, where  MIN TS STRIDE is the lowest calculated
TS STRIDE value during the flow.  MINTS STRIDE
represents TS STRID. calculated when the source is not
doing  silence suppression, i.e. , during talksptarts.
For instance, for a IP flow employing  silence
suppression., MIEN-TS-STRIDE corresponds to the change
in RTP TS a Sher the  source is not performing silence
suppression. This also corresponds to the actual
TS-STRIDE to use for compression. 100521 FIG. 1.3 is a
flo-,\wchart of an example of a process configured to
improve  perfonaaance of RoHC, As illustrated, in step
802, it is determined whether RoW is  being
implemented in a system. If not, the process ends. If
RoHC is being implemented,  a packet is received in
step 804. In step 806, the increment in RTP TS between
the  received picket and a previously received packet
is determined. This value is referred to WO
2007/112140 PCT/US2007/060191  1a as TS INCREMENT. It
may be assumed that an original value of TS---STRIDE
has  been used previously for compression. In step
808, if it is determined that  TS-- INCREMENT for the
previous N consecutive packets is the same, and that
this  value differs from the current TS-STRIDE value,
the process proceeds to the next step  810. If not,
the process goes back to step 806. At step 810, TS
STRIDE is updated from  the original value to
IS_INCREM1NT. 10531 F1:G. 1.5 illustrates a flowchart
of another example of a process configured to  improve
the performance of Rol-IC. As illustrated, in step
902, it is determined whether  RoH.C is being
implemented in a system, If not, the process ends. If
RoHC is being  implemented, a packet is received in
step 904.. At step 906, it is determined whether the
increment in RIP IS is less than the minimum IS-STRIDE
seen for the current packet  stream, If not. the
process returns to step 904 otherwise, the process
proceeds to step  90&. At step 908, IS_ST.RI:DE is
updated to the increment in RIP TS (which was less
than. the minimum TS STRIDE for the flow.) (00541 The
methods of F Gs I3 and 15 described above may be
performed by  corresponding means plus function blocks
illustrated in FIGS 14 and '16, In other words,
blocks 802-810 illustrated in FIG. 13 correspond to
means plus function blocks ISO?-- 



1810 illustrated in FIG. 14. Blocks 902-908
illustrated in FIG, 1-5 correspond to means  plus
function blocks 1902-1908 illustrated in FIG. 16.
100551 In another aspect, when. there is a change in
TS-- STRIDE between speech  segments and silence,, the
change may not be properly communicate) to the
decompressor. "Context damage" occurs when the context
of the decompressor is not  consistent with the
Context of the compressor, and decompression fails to
reproduce the  original header. This situation may
occur when packets have been lost or damaged  between
compressor and deconapressor, or when the value of TS
STRIDE at the  com pressor fails to reach a
decompressor. Packets that cannot be decompressed due
to  inconsistent contexts are "lost" due to context
damage. Packets that are decompressed  but contain
errors due to inconsistent contexts are "daanaged" due
to context damk e.  ROHC may use a Cyclic Redundancy
Check (CRC) over an origin:-al header to detect
incorrect decompression, In a scenario where the
compressor sees a first 'I'S STRIDE  value while the
deconmpressor sees a different value, there may occur
a failure of such a  CRC code. WO 2007/112140
PCT/US2007/060191  14 14)561 For instance, in FIG. 12,
suppose TS...STRIDE is 160 during the first speech.
segment, and 1280 during the silence segment as
previously discussed. Assume further.  that due to
poor channel conditions, all UOR-2 ext. 3) headers
that were sent from the  coil) pressor to communiCate
the change in TS-STRIDE were dropped. As a result;
even  though the value of TS STRIDE has changed from
160 to 12811 at the compressor, the  decompressor does
..not see this Change. Thus, when the decompressor
regenerates a next  packet, it uses a. value
representing TS... STRIDE = 160 instead of the updated
value of  1280. CRC tails because the regenerated
packet is different from the orIginally  transmitted
packet. As a result, the deronnpressor may drop the
regenerated packet. 100571 Another advantage of
algorithms described in this disclosure is that share
TS STRIDE is not estimated to change when RIP source
goes from speech to silence  and from silence to
speech, any potential vulnerability introduced due to
updating of  TS-STRIDE when the R'l.T1 source
transitions between silence and speech is eliminated.
1x) 81 Examples disclosed herein provide some examples
of improving performance of  RoHC when encountering
silence suppression. Various disclosed examples may be
implemented in any RoHC compressor, e.g , associated
with ara AT, an AN, and other  



devices employing header compression. Various
unitsimodules and examples disclosed  herein may be
implemented in hardware, software, firmware, or a
combination thereof  In a hardware implementation,
various units may be implemented within one or more
application specific integrated circuits (ASIC:),
digital signal processors (DSP), digital  signal
processing devices (DSPDs), field programmable gate
arrays 4I P YA),  processors, microprocessors,
controllers, a icrocontrollers, programmable logic
devices  (P.LD), other electronic units, or any
combination thereof. In a software  implementation..
various units .may be implemented with modules
procedures,  functions, and so on) that perform the
functions described herein. The software codes  may be
stored in a memory unit and executed by a processor
(or processing unit). The  memory unit may be
implemented within the processor or external to the
processor, in  which case it can be communicatively
coupled to the processor via various means  known in
the art. IM 591 'T'hose of skill in the art would
understand that information and signals may be
represented using any of a variety of different
technologies and techniques. For  example, data,
instructions, commands, int:ormation, signals, bits,
symbols, and chips  that may be referenced throughout
the above description may be represented by WO
2007/112140 PCT/US2007/060191  15 voltages, currents,
electromagnetic waves, magnetic fields or particles,
optical fields or  particles, or any combination
thereof 100601 Those of skill would further appreciate
that the various illustrative logical  blocks,
modules, circuits, and algorithm steps described in
connection with the  examples disclosed herein may he
implemented as electronic hardware, computer
software, or combinations of both. To clearly
::illustrate this interchangeability of  hardware and
softw=are, various illustrative components, blocks,
nr.odul.es, circuits, and  steps have been described
above generally in terns of their functionality.
Whether- such  functionality is implemented as
hardware or software depends upon the particular
application and design constraints imposed on the
overall system. Skilled artisans may  implement the
described functionality in varying ways for each
particular application,  but such imple.rraentation
decisions should not be interpreted as causing a.
departure from  the scope of the present invention.
100611 The various illustrative logical. blocks,
modules. and circuits described in  



connection with the examples disclosed herein may be
implemented or performed N. ith  a general purpose
processor, a digital signal processor (DSP), an
;application specific  integrated circuit (A51C ), a
field pro .rammahle gate array (:FPGA) or other
programmable logic device, discrete gate or transistor
logic, discrete hardware  components, or any
combination thereof designed to perform the functions
described  herein. A general purpose processor may be
a microprocessor, but in the alternative, the
processor- may be any conventional processor,
controller, n crocontroller, or state  machine. A
processor may also be implemented as a combination of
computing  devices, e.g., a. combination of a DSP and
a microprocessor, a plurality of  rahic.roprocessors,
one or more microprocessors in conjunction with a
DS.1' core, or any  other such configuraatiorn. 100621
The steps of a method or algorithm described in
connection with the examples  disclosed herein. may be
embodied directly in hardware, in a software module
executed  by a processor, or in a combination of the
two. A. software module may reside in  random access
memory (RAM), flash memory, read only memory (ROM),
electrically  pro,?ran-mtriable ROM (EPROM),
electrically erasable pro,?ranrmable ROM (EEPROM ),
registers, hard disk, a. removable disk, a. CD-RONI,
or any other form of storage medium  known in the art,
An exemplary storage medium is coupled to the
processor such the  processor can read information
from, and write information to, the storage medium. In
WO 2007/112140 PCT/US2007/060191  16 the alternative,
the storage n .edium may be integral to the processor.
The processor and  the storage medium may reside in an
'SIC. The ASIC may reside in an AT. in the
alternative, the processor and the storage medium may
reside as discrete components in  an AT. [M63 The
previous description of the disclosed examples is
provided to enable any  person skilled in the art to
make or use the present invention. Various
modifications to  these examples will be readily
apparent to those skilled in the an, and the generic
principles defined herein a aayY be applied to other
examples without departing .{rom the  spirit or scope
of the invention. Thus, the present invention is not
intended to be limited  to the exaanples shown herein
but is to he accorded the widest scope consistent with
the  principles and novel features disclosed herein
j1t164J WHAT IS CLAIMED IS 



WO 2007/112140 PCT/US2007/060191  17 CLAIMS  I . A.
method for compressing a header comprising;
determinin{g a Real-Time Transport Protocol (RTP)
tiniestamp (TS) for at least  one of ra plurality of
successive packets; calculating a RIP ti.mestamp
increment for successive packets, until a
predetern.ined number of packets have a constant
timestamp increment value; assigning the constant RTP
times:tarnp increment value as a tlrr estarnp stride
(TS_ST.R..ID) value for compression; downscalin ; the
value of each RR:TP timestanip (TS) by tirnestamp
stride  (l'S_STRID .): and compressino the header
using the assigned value.  . A method for compressing
a header comprising: determining a deal-Time Transport
Protocol (RIP) tirestanmp (I'S) for at least  one of a
plurality of successive packets, calculating a RTP
timestanlp increment for successive packets; finding a
minimum WI'I' timestamp increment (fN TS STIZUDE)
value over  the duration of a tl ow assigning the
minimum RTP timestanrp increment (Ml.: TS STRIDE)
value as  a ti.rnestamp stride (TS_STRIDI) value for
compression; &nvnscaing the value of each ATP
thnestamp (TS) by the timestamp stride  (T4_S'I"RlIYi:
), and compressing the header- using the assigned
value. 3. 'I'he r method of claim 2.. Wherein
compressing comprises: determining an encode value
using ~wwindow based least significant bit  encoding;
and updating a context with the encoded v.rlue. 4. The
m .ethod of claim 3, wherein compressing further
comprises: determining a dif erence between a first
value in the context corresponding to a  previous
packet and a second value corresponding to a current
packet; WO 2007/112140 PCT/US2007/060191  1$ 



updating the context with the second value; and
compressing a header of the current packet p=ith the
second value. 5. The method of Claim ?; wherein the
header comprises information related to at  least one
of Internet Protocol (1P) Real Time Transport Protocol
(RTP), User. Datagram  Protocol (t [3P), and 1'`rans7
ssi  tr l Protocol (IC P .  11 - 6. The method of
claim 2, werein the ti Imestamp increment (TS STRIDE)
is a number of sarnples in a packet. 7. The method of
claim 1, wherein the predetermined number is 5. 8. The
method of claim 1, wherein the predetermined number is
a first value for a  first type of data and a second
value for a second type of data. 9. The method of
claim 7, wherein the packets comprise speech data.
10. An apparatus for compressing a header comprising.,
rising.,  means for determining a :Real-Time Transport
Protocol (RTP) timestanmp (TS)  for at least one of a
plurality of successive packets, means for calculating
a .RT.P timestamp increment for successive packets,
until a  predetermined number of packets have a
constant timestarnp increment value; means for
assignint, the constant RTP timesta:nrp increment
value as a. t:imestamp  stride (TS S1'R[DE) value for
compression; means for docwnnscaling the value of each
RTP tin.estaa mp (TS) by till estarrll  stride
(TS_STR)D:l ); and means for compressing the header
using the assigned value.  11. An apparatus for
compressing a header comprising: means for determining
a Renal-Time Transport Protocol (R. P) tinrestamp (TS)
for at least one of a plurality of successive packets;
means for calculating aI RT.P tinl'lestaanp increment
for successive packets, WO 2007/112140
PCT/US2007/060191  means for finding a minimum RTP
timestarnp increment (MI' f TS STRIDE)  value over the
duration of a flow:, means for assigning the minimum
RTP timestamp increment  (MIN-TS-STRIDE) value as a
timestamp stride (TS-STRIDE) value for ccYanpression;



means for downscaling the value of each RTP tirnestamp
(TS) by the timestarnp  stride (TS_STR-l.Df ); and
paeans for compressing the header using the assigned
value.. 12. The apparatus of claim i 1, wherein the
means for compressing comprises: means for determining
an encoded value using window based least significant
bit encoding; and means for updating a context with
the encoded value, 13. The apparatus of claim 12,
wherein the means for compressing fu  comprises: means
for determining a difference between a first value in
the context  corresponding to a previous packet and a
second value corresponding to a current  packet, means
for updating the context with the second value; arad
means for compressing a header of the current packet
with the second value. 14. The apparatus of claim 11,
further comprising means for transmitting the
compressed header. 15. An apparatus comprising means
for receiving at least one timestamp stride
(TS-SI'Rl:DE) value;  means for receiving at least one
compressed packet; means for decompressing the
compressed packet comprisin{g_  decoding the packet
using a least significant bit window; and means for
determining a value of a timestarrrp (I'S) of the at
'least one packet  based on the received tina.estarnp
stride (TS STRIDE) value WO 2007/112140
PCT/US2007/060191  20  16. An apparatus comprising:
means for determining a minimum tinrestamp increment
(MIN TS STRIDE)  for a plurality of packets; means for
receiving a current packet; means for determining a
timestamp increment of the current packet; if
timestaarrp increment of the current packet is less
than the minimum :mestarAp  increment MIN TS---STRIDE)
of the pluralit. of packets, rneans for updating the
minim unm tinmestamp increment (MIN TS.--:STRIDE)
value; 



meins for transmitting the updated value to a
decompressor;  means for rece:ivin ; a next packet; W
id means for compressin the next packet based on the
updated minimum  tiniestarnp increment (MIN TS
STRIDE). IT The apparatus of claim 16, wherein the
means for updating means for changing the minimum
imestan p increment (MIN-TS-STRIDE)  value to
timestan-rp increment (TS---STRIDE) of the current
packet. 18. An apparatus comprising: means fair
receiving a plurality of packets; means for
determining a plurality of timestanrp increment
(TS---STRIDE) values  for the received packets; means
for determining if the plurality of timestamp values
rernains constant for  N received packets; means :fr r
comparing the determined tinlesta.mp increment (`I
S_S'I'RI[)E) values  to a timestamp increment (TS---
STRIDE) stored in a context; means for updating the
stored value if tirr-restanmp increment (TS_STRIDE)
for  the last consecutive N received packets remains
the same and differs from the stored  value; means for
receiving a current packet; and means for compressing
the current packet. using the updated timestamp
increment JS STRIDE). WO 2007/112140 PCT/US2007/060191
21 19. A computer program product comprising a first
plurality of code to determine a minimum timestamp
increment  (MIN-TS-STRIDE) for a plurality of packets;
a second plurality of code to receive a current
packet, a third plurality of code to determine a
timestainp increment of the current  packet; a fourth
plurality of code to update the minimum t.imestamp
increment  (NI-IN-TS-STRIDE) value if timestamp
increment of the current packet is less than the
mmmiiniiimmuin timestamp increment (N,MM:IN-TS-STRIDE)
of the plurality of packets; 



a fifth plurality of code to transmit the updated
value to a decoanpressor;  a sixth plurality of code
to receive a next packet, and aseventl- plurality of
code to compress the next packet based on the updated
n~inimuin tiinfstara p increta es t (llfll' . TS
STRIDE,). 20. A. computer program product comprising:
a first plurality of code to receive a plurality of
packets; a second plurality of code to determine a
plurality of timestamp increment  (TSSTRIDE) values
for the received packets; a third plurality of code to
determine if the plurality of timestar p values
remains  constant - or- N received packets; a fourth
plurality of code to compare the determined timestamp
increment  (TSSTRIDE) values to a timesta.mp increment
(TS_STR[DE) stored in a context; a fifth plurality of
code to update the stored value if timestanip
increment  (TS... STRIDE) for the last consecutive N
received packets remains the same and differs  from
the stored value; a sixth plurality of code to receive
a current packet; and a seventh plurality of code to
compress the current packet using the updated  tin
estaanp increment (TS STRIDE.). 


