
US 20030152095A1 

(12) Patent Application Publication (10) Pub. No.: US 2003/0152095 A1 
(19) United States 

Foore et al. (43) Pub. Date: Aug. 14, 2003 

(54) DYNAMIC BANDWIDTH ALLOCATION FOR 
MULTIPLE ACCESS COMMUNICATION 
USING SESSION QUEUES 

(75) Inventors: Lawrence R. Foore, Palm Bay, FL 
(US); James A. Proctor JR., 
Indialantic, FL (US) 

Correspondence Address: 
ALLEN, DYER, DOPPELT, MILBRATH & 
GILCHRIST RA. 
1401 CITRUS CENTER 255 SOUTH ORANGE 
AVENUE 
P.O. BOX 3791 
ORLANDO, FL 32802-3791 (US) 

(73) Assignee: Tanvity Communications, Inc. 

(21) Appl. No.: 10/345,810 

(22) Filed: Jan. 16, 2003 

Related US. Application Data 

(63) Continuation of application No. 09/773,252, ?led on 
Jan. 31, 2001, noW Pat. No. 6,542,481, Which is a 
continuation-in-part of application No. 09/088,527, 
?led on Jun. 1, 1998, noW Pat. No. 6,388,999. 

110 

BTS 

111 

Publication Classi?cation 

(51) Int. Cl? ..................................................... ..H04Q 7/00 
(52) Us. 01. .......................................... ..370/412;370/329 

(57) ABSTRACT 

A technique for providing high speed data service over 
standard Wireless connections via an unique integration of 
protocols and existing cellular signaling, such as is available 
With Code Division Multiple Access (CDMA) type systems 
through more ef?cient allocation of access to CDMA chan 
nels. For example, When more users exist than channels, the 
invention determines a set of probabilities for Which users 
Will require channel access at Which times, and dynamically 
assigns channel resources accordingly. Channel resources 
are allocated according to a buffer monitoring scheme 
provided on forward and reverse links betWeen a base 
station and multiple subscriber units. Each buffer is moni 
tored over time for threshold levels of data to be transmitted 
in that buffer. For each buffer, a probability is calculated that 
indicates hoW often the speci?c buffer Will need to transmit 
data and hoW much data Will be transmitted. This probability 
takes into account the arrival rates of data into the buffer, as 
Well as Which thresholds Within the buffer are exceeded, as 
Well as Which resources in the form of channels are already 
allocated to the subscriber unit. 
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DYNAMIC BANDWIDTH ALLOCATION FOR 
MULTIPLE ACCESS COMMUNICATION USING 

SESSION QUEUES 

RELATED APPLICATION(S) 

[0001] This application is a continuation-in-part of a prior 
US. patent application Ser. No. 09/088,527 ?led Jun. 1, 
1998, entitled “Dynamic Bandwidth Allocation for Multiple 
Access Communications Using Buffer Urgency Factor”. 
The entire teachings of the above application is incorporated 
herein by reference . 

BACKGROUND OF THE INVENTION 

[0002] The increasing use of Wireless telephones and 
personal computers has led to a corresponding demand for 
advanced telecommunication services that Were once 
thought to only be used in specialiZed applications. In the 
1980’s, Wireless voice communication became Widely avail 
able through the cellular telephone netWork. Such services 
Were at ?rst typically considered to be the exclusive prov 
ince of the businessman because of expected high subscriber 
costs. The same Was also true for access to remotely dis 

tributed computer netWorks, Whereby until very recently, 
only business people and large institutions could afford the 
necessary computers and Wireline access equipment. As a 
result of the Widespread availability of both technologies, 
the general population noW increasingly Wishes to not only 
have access to netWorks such as the Internet and private 
intranets, but also to access such netWorks in a Wireless 
fashion as Well. This is particularly of concern for the users 
of portable computers, laptop computers, hand-held per 
sonal digital assistants and the like Who Would prefer to 
access such netWorks Without being tethered to a telephone 
line. 

[0003] There still is no Widely available satisfactory solu 
tion for providing loW cost, high speed access to the Internet, 
private intranets, and other netWorks using the existing 
Wireless infrastructure. This situation is most likely an 
artifact of several unfortunate circumstances. For one, the 
typical manner of providing high speed data service in the 
business environment over the Wireline netWork is not 
readily adaptable to the voice grade service available in most 
homes or offices. Such standard high speed data services 
also do not lend themselves Well to ef?cient transmission 
over standard cellular Wireless handsets. Furthermore, the 
existing cellular netWork Was originally designed only to 
deliver voice services. As a result, the emphasis in present 
day digital Wireless communication protocols and modula 
tion schemes lies With voice, although certain schemes such 
as do provide some measure of asymmetrical behavior for 
the accommodation of data transmission. For example, the 
data rate on an IS-95 forWard traf?c channel can be adjusted 
in increments from 1.2 kilobits per second (kbps) up to 9.6 
kbps for so-called Rate Set I and in for increments from 1.8 
kbps up to 14.4 kbps for Rate Set 2. On the reverse link 
traf?c channel, hoWever, the data rate is ?xed at 4.8 kbps. 

[0004] The design of such existing systems therefore 
typically provides a radio channel Which can accommodate 
maximum data rates only in the range of 14.4 kilobits per 
second (kbps) at best in the forWard direction. Such a loW 
data rate channel does not lend itself directly to transmitting 
data at a rate of 56.6 kbps Which is noW commonly available 
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using inexpensive Wire line modems, not to mention even 
higher rates such as the 128 kbps Which is available With 
Integrated Services Digital NetWork (ISDN) type equip 
ment. Data rates at these levels are rapidly becoming the 
minimum acceptable rates for activities such as broWsing 
Web pages. Other types of data netWorks using higher speed 
building blocks such as Digital Subscriber Line (xDSL) 
service are noW coming into use in the United States. 
HoWever, their costs have only been recently reduced to the 
point Where they are attractive to the residential customer. 

[0005] Although such netWorks Were knoWn at the time 
that cellular systems Were originally deployed, for the most 
part there is no provision for providing higher speed ISDN 
or xDSL-grade data services over cellular netWork topolo 
gies. Unfortunately, in Wireless environments, access to 
channels by multiple subscribers is expensive and there is 
competition for them. Whether the multiple access is pro 
vided by the traditional Frequency Division Multiple Access 
(FDMA) using analog modulation on a I 0 group of radio 
carriers, or by neWer digital modulation schemes the permit 
sharing of a radio carrier using Time Division Multiple 
Access (TDMA) or Code Division Multiple Access 
(CDMA), the nature of the radio spectrum is that it is a 
medium that is expected to be shared. This is quite dissimilar 
to the traditional environment for data transmission, in 
Which the Wireline medium is relatively inexpensive to 
obtain, and is is therefore not typically intended to be shared. 

[0006] Other considerations are the characteristics of the 
data itself. For example, consider that access to Web pages 
in general is burst-oriented, With asymmetrical data rate 
transmission requirements. In particular, the user of a remote 
client computer ?rst speci?es the address of a Web page to 
a broWser program. The broWser program then sends this 
Web page address data, Which is typically 100 bytes or less 
in length, over the netWork to a server computer. The server 

computer then responds With the content of the requested 
Web page, Which may include anyWhere from 10 kilobytes 
to several megabytes of text, image, audio, or even video 
data. The user then may spend at least several seconds or 
even several minutes reading the content of the page before 
requesting that another page be doWnloaded. Therefore, the 
required forWard channel data rates, that is, from the base 
station to the subscriber, are typically many times greater 
than the required reverse channel data rates. 

[0007] In an of?ce environment, the nature of most 
employees’ computer Work habits is typically to check a feW 
Web pages and then to do something else for extended period 
of time, such as to access locally stored data or to even stop 
using the computer altogether. Therefore, even though such 
users may expect to remain connected to the Internet or 
private intranet continuously during an entire day, the actual 
overall nature of the need to support a required data transfer 
activity to and from a particular subscriber unit is actually 
quite sporadic. 

[0008] Furthermore, prior art Wireless communication 
systems provide a continuous bandWidth to individual sub 
scribers. That is, in such netWorks, during a communication 
session the bandWidth available at all times is constant and 
has been designed, as noted above, primarily for voice grade 
use. 
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SUMMARY OF THE INVENTION 

[0009] Prior art methodologies for transmission of data 
over Wireless networks suffer numerous problems. As noted 
above, the bandwidth available for a single subscriber unit 
channel is typically ?xed in siZe. HoWever, data communi 
cations tend to be bursty in nature, often requiring a need for 
large amounts of bandWidth at certain times, While requiring 
very little amounts, or even none, at other times. These Wide 
sWings in bandWidth requirements can occur very close 
together in time. 

[0010] For example, When broWsing a Web site using 
HyperText Transfer Protocol (HTTP), the user typically 
selects pages by selecting or clicking a single link to a page 
causing the client computer to send a small page request 
packet to the Web server. The request packet in the receive 
link direction requires very little bandWidth. In response to 
the request, the server typically delivers one or more Web 
pages ranging in siZe from 10 to 100 kilobits (kB) or more 
to the client in the forWard link direction. To receive the 
pages, the bandWidth requirements are much greater than to 
request the pages. The optimum bandWidth needed to 
acceptably receive the pages is rarely realiZed due to the 
inef?ciency of the present Wireless protocols that only offer 
maximum data rates of about 9600 bps under optimal 
conditions. This results in the server having to hold back 
some of the requested data until the netWork can “catch up” 
With the data delivery and also results in frustrated users 
having sloW response and page loading times. In essence, 
the bandWidth to send a request is more than is needed, and 
the bandWidth to receive the pages is not enough to deliver 
the data at acceptable rates. 

[0011] Another problem With prior art systems is that the 
difference betWeen the time Which the page request message 
leaves the Wireless netWork and becomes Wirebound, and 
the time When the pages of requested data enter the Wireless 
portion of the data communications session is often quite 
long. This time-from-request to time-of-receipt delay is a 
function of hoW congested the netWork and the server are. 

[0012] The present invention is based in part on the 
observation that bandWidth is being Wasted during periods 
of time When Waiting for data from the Wireline netWork. 
Prior art Wireless communications systems maintain the 
constant availability of the full bandWidth of the 9600 bps 
Wireless connection for that entire data communication 
session, even though the Wireless client may be Waiting for 
return pages. This bandWidth Which is effectively unused is 
therefore Wasted because there is no Way to allocate the 
channel resources in use for this data communication session 
to another session needing more bandWidth. That is, if other 
concurrent Wireless data communications sessions are tak 
ing place for other subscriber units, these concurrent ses 
sions have no Way in the prior art systems to take advantage 
of any unused bandWidth allocated to the client merely 
Waiting for return pages, as in this example. 

[0013] The present invention provides high speed data and 
voice service over standard Wireless connections via an 
unique integration of protocols and existing cellular signal 
ing, such as is available With Code Division Multiple Access 
(CDMA) type systems. The invention achieves high data 
rates through more ef?cient allocation of access to the 
CDMA channels. 

[0014] Speci?cally, the invention provides a scheme for 
determining an ef?cient allocation of N ?xed rate data 
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channels amongst M users. The invention addresses the 
problem of hoW to allocate these channels in the most 
effective manner betWeen users competing for channel use. 
For example, When more users exist than channels, the 
invention determines a set of probabilities for Which users 
Will require channel access at Which times, and assigns 
channel resources accordingly. The invention can also 
dynamically take aWay or deallocate channels (i.e., band 
Width) from idle subscribers and provide or allocate these 
freed-up channels to subscribers requiring this bandWidth. 

[0015] Channel resources are allocated according to a 
buffer monitoring scheme provided on forWard and reverse 
links betWeen a base station and multiple subscriber units. 
Data buffers are maintained for each connection betWeen a 
base station and a subscriber unit. Each buffer is monitored 
over time for threshold levels of data to be transmitted in that 
buffer. In essence, the thresholds measure the “fullness” of 
buffers over time for each respective subscriber unit are 
monitored. For each buffer, a probability is calculated that 
indicates hoW often that a speci?c buffer for a speci?c 
subscriber Will need to transmit data and hoW much data Will 
be transmitted. This probability takes into account the arrival 
rates of data into the buffer, as Well as Which thresholds 
Within the buffer are exceeded, as Well as Which resources in 
the form of channels are already allocated to the subscriber 
unit. Based on this probability, channel resources for data 
transmission can be either allocated or deallocated to sub 
scriber units depending upon a forecasted need. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0016] The foregoing and other objects, features and 
advantages of the invention Will be apparent from the 
folloWing more particular description of preferred embodi 
ments of the invention, as illustrated in the accompanying 
draWings in Which like reference characters refer to the same 
parts throughout the different vieWs. The draWings are not 
necessarily to scale, emphasis instead being placed upon 
illustrating the principles of the invention. 

[0017] FIG. 1 is a block diagram of an example Wireless 
communication system making use of a bandWidth manage 
ment scheme according to the invention. 

[0018] FIG. 2 is a diagram shoWing hoW channels are 
assigned Within a given radio frequency (RF) channel. 

[0019] FIG. 3 is a diagram illustrating the protocol layers 
of a Wireless communication System. 

[0020] FIG. 4 illustrates the structure of session queues 
and data buffers used in the base station. 

[0021] FIG. 5 is a buffer level diagram. 

[0022] FIG. 6 is a buffer level diagram When resources are 
being added. 

[0023] FIG. 7 is a buffer level diagram When resources are 
being taken aWay. 

DETAILED DESCRIPTION OF A PREFERRED 
EMBODIMENT 

[0024] Turning attention noW to the draWings more par 
ticularly, FIG. 1 is a block diagram of a system 100 for 
providing high speed data service over a Wireless connection 
by seamlessly integrating a Wired digital data protocol such 
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as, for example, Transmission Control Protocol Internet 
Protocol (TCP/IP) With a digitally modulated Wireless ser 
vice such as Code Division Multiple Access (CDMA). 

[0025] The system 100 consists of tWo different types of 
components, including subscriber units 101-1, 101-2, . . . , 

101-n (collectively subscribers 101) as Well as one or more 
base stations 104 to provide the functions necessary in order 
to achieve the desired implementation of the invention. The 
subscriber units 101 provide Wireless data and/or voice 
services and can connect devices such as, for example, 
laptop computers, portable computers, personal digital assis 
tants (PDAs) or the like through base station 104 to a 
netWork 105 Which can be a Public SWitched Telephone 
Network (PSTN), a packet sWitched computer netWork, or 
other data netWork such as the Internet or a private intranet. 
The base station 104 may communicate With the netWork 
105 over any number of different efficient communication 
protocols such as primary rate ISDN, or other LAPD based 
protocols such as IS-634 or V5.2, or even TCP/EP if netWork 
105 is an Ethernet netWork such as the Internet. The sub 
scriber units 101 may be mobile in nature and may travel 
from one location to another While communicating With base 
station 104. 

[0026] FIG. 1 illustrates one base station 104 ad three 
mobile subscriber units 101 by Way of example only and for 
ease of description of the invention. The invention is appli 
cable to systems in Which there are typically many more 
subscriber units 101 communicating With one or more base 
stations 104. 

[0027] It is also to be understood by those skilled in the art 
that FIG. 1 may be a standard cellular type communication 
system such as a CDMA, TDMA, GSM or other system in 
Which the radio channels are assigned to carry betWeen the 
base stations 104 and subscriber units 101. This invention, 
hoWever, applies more particularly to non-voice transmis 
sions and preferably to digital data transmission of varying 
bandWidths. Thus, in a preferred embodiment, FIG. 1 is a 
CDMA-like system, using code division multiplexing prin 
ciples for the air interface. HoWever, it is also to be under 
stood that the invention is not limited to using standardiZed 
CDMA protocols such as IS-95, or the neWer emerging 
CDMA protocol referred to as IS-95B. The invention is also 
applicable to other multiple access techniques. 

[0028] In order to provide data and voice communications 
betWeen the subscriber units 101 ad base station 104, 
Wireless transmission of data over a limited number of radio 
channel resources is provided via forWard communication 
channels 110 Which carry information from the base station 
104 to the subscriber units 101, and reverse communication 
channels 111 Which carry information from the subscriber 
units 101 to the base station 104. The invention provides 
dynamic bandWidth management of these limited channel 
resources on an as needed basis for each subscriber unit 101. 
It should also be understood that data signals travel bidirec 
tionally across the CDMA radio channels 110 and 111 i.e., 
data signals originating at the subscriber units 101 are 
coupled to the netWork 105, and data signals received from 
the netWork 105 are coupled to the subscriber units 101. 

[0029] FIG. 2 provides an example of hoW dynamic 
allocation of radio bandWidth may take place in system 100. 
First a typical transceiver Within a subscriber unit 101 or the 
base station 104 can be tuned on command to any 1.25 
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MegaHertZ (MHZ) channel Within a much larger bandWidth, 
such as up to 30 MHZ in the case of the radio spectrum 
allocated to cellular telephony. This bandWidth is typically 
made available in the range of from 800 to 900 MHZ in the 
United States. For PCS type Wireless systems, a 5 or 10 MHZ 
bandWidth is typically allocated in the range from about 1.8 
to 2.0 GigaHertZ (GHZ). In addition, there are typically tWo 
matching bands active simultaneously, separated by a guard 
band, such as 80 MHZ; the tWo matching bands form a 
forWard and reverse full duplex link betWeen the base station 
104 and the subscriber units 101. 

[0030] Within the subscriber unit 101 and the base station 
170, transmission processors (i.e., transceivers) are capable 
of being tuned at any given point in time to a given 1.25 
MHZ radio frequency channel. It is generally understood 
that such 1.25 MHZ radio frequency carrier provides, at best, 
a total equivalent of about a 500 to 600 kbps maximum data 
rate transmission speed Within acceptable bit error rate 
limitations. In the prior art, it Was thus generally thought that 
in order to support an XDSL type connection Which may 
contain information at a rate of 128 kbps that, at best, only 
about (500 kbps/ 128 kbps) or only three (3) subscriber units 
101 could be supported at best on each radio channel. 

[0031] In contrast to this, the present system 100 subdi 
vides the available radio channel resources into a relatively 
large number of subchannels and then provides a Way to 
determine hoW to allocate these subchannels to best transmit 
data betWeen the base station 104 and each of the subscriber 
units 101, and vice versa. In the illustrated example in FIG. 
2, the bandWidth is allocated to sixty-four (64) subchannels 
300. It should be understood herein that Within a CDMA 
type system, the subchannels 300 are physically imple 
mented by encoding a data transmission With one of a 
number of different pseudorandom (PN) or orthogonal chan 
nel codes. For example, the subchannels 300 may be de?ned 
Within a single CDMA radio frequency (RF) carrier by using 
different orthogonal codes for each de?ned subchannel 300. 
(The subchannels 300 are also referred to as “channels” in 
the folloWing discussion, and the tWo terms are used inter 
changeably from this part onWard). 
[0032] As mentioned above, the channels 300 are allo 
cated only as needed. For example, multiple channels 300 
are granted during times When a particular subscriber unit 
101 is requesting that large amounts of data be transferred. 
In the preferred embodiment, the single subscriber unit 101 
may be granted as many as 28 of these channels in order to 
alloW data rates of up to about 5 Mega bits per second for 
an individual subscriber unit 101. These channels 300 are 
then released during times When the subscriber unit 101 is 
relatively lightly loaded. 
[0033] Maximum ?exibility can be obtained by adjusting 
coding rates and modulation types used for each connection, 
such as the number of channels. One particular scheme for 
assigning channel codes, ForWard Error Correction (FEC) 
code rate, and symbol modulation types is described in a 
co-pending US. patent application Ser. No. ?led 
entitled “MaximiZing Data Rate by Adjusting Code and 
Coding Rates in CDMA System”, given Attorney Docket 
No. 2479.2021-000, Which is assigned to Tantivy Commu 
nications, Inc., the same assignee of the present application, 
Which is also hereby incorporated by reference. 
[0034] Before discussing hoW the channels 300 are pref 
erably allocated and station 104, the base station 104 estab 
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lishes and allocates a respective data buffer 211 through 213. 
Data buffers 211 through 213 store the data that is to be 
transmitted to their respective subscriber units 101. That is, 
in a preferred embodiment, there is a separate data buffer in 
the base station 104 for each respective subscriber unit 101. 
As subscriber units enter into and exit out of communication 
sessions or connections With base station 104, the number of 
buffers may change. There is always a one-to-one corre 
spondence betWeen the number of buffers 211 through 213 
allocated to the number of subscriber units 101 communi 
cating With base station 104. The buffers 211 through 213 
may be, for example, queues or other memory structures 
controlled by softWare, or may be hardWare controlled fast 
cache memory. 

[0035] The particular process Which determines hoW 
channels are allocated an deallocated may reside in a data 
services function disposed Within the upper layers of the 
protocols implemented in the base station 104 and sub 
scriber units 101. 

[0036] Speci?cally noW, referring to FIG. 3, there is 
shoWn a protocol layer diagram X such as typically associ 
ated With third generation (3G) Wireless communication 
services. The protocol layers folloW the open system inter 
connect (OSI) layered model With a physical layer 120, 
media access control sub layer 130, link access control sub 
layer, 140 and upper communication layers 150. The physi 
cal layer 120 provides physical layer of processing such as 
coding and modulation of the individual logical channels. 
Access to the logical channels is controlled by the various 
functions in the MAC sub layer 130 including channel 
multiplex sub layer 132, multiplex control channel multiplex 
sub layer 131, radio link protocol sub layer 133, and SRPB 
134. The signaling link access control functionality 141 is 
provided in the lac sub layer 140. 

[0037] Upper layers processing 150 includes upper layer 
signaling 151, data services 152, and voice services 153. The 
particular decision processes to allocate or deallocate chan 
nels to particular netWork layer connections resides there 
fore in a data services functionality 152 in the upper layers 
150. The data services functionality 152 communicates With 
the radio link protocol 133 in the MAC sub layer 130 in 
order to perform functions such as to send messages to 
allocate and deallocate channels from end to end as demand 
requires. 

[0038] Turning attention noW to FIG. 4, various compo 
nents of the base station 104 and 25 subscriber units 101 Will 
be described noW in greater detail in connection With the 
process for determining When channels should be allocated 
or deallocated. 

[0039] FIG. 4 is a more detailed diagram of the imple 
mentation of the session oriented buffering scheme imple 
mented in the data services function 152. In particular, FIG. 
4 shoWs hoW this is implemented in the base station 104. 
NetWork layer traf?c is routed to the base station 104 using 
typical netWork routing protocols such as Transmission 
Control Protocol/Internet Protocol (TCP/IP). At the base 
station 104, incoming traffic is separated into individual 
traf?c ?oWs destined for separate subscriber units 1-1, 
101-2, . . . , 101-n. The traf?c ?oWs may be separated such 

as by examining a destination address ?eld in the TCP/IP 
header. The individual traf?c ?oWs are delivered ?rst to 
transport modules 401-1, 401-2, . . . , 401-n With a transport 
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module 401 corresponding to each of the intended sub 
scriber units 101. A given transport module 401 is the ?rst 
step in a chain of processing steps that is performed on the 
data intended for each subscriber unit 101. This processing 
chain includes not only the functionality implemented by the 
transport module 401 but also a number of session queues 
410, a session multiplexer 420, and transmission buffers 
440. The outputs of the various transmission buffers 440-1, 
440-2, . . . , 444-n are then assembled by a transmit processor 

450 that formats the data for transmission over the forWard 
radio links 110. 

[0040] Returning attention noW to the top of the FIG. 4 
again, each transport module 401 has the responsibility of 
either monitoring the traf?c How in such a Way that it stores 
data belonging to different transport layer sessions in spe 
ci?c ones of the session queues 410 associated With that 
transport module 401. For example, transport module 401-1 
assigned to handle data intended to be routed to subscriber 
unit 101-1 has associated With it a number, m, of session 
queues 410-1-1, 410-1-2, . . . , 410-1-m. In the preferred 

embodiment, a given session is characteriZed by a particular 
transport protocol in use. For example, in a session oriented 
transport protocol, a session queue 410 is assigned to each 
session. Such session transport oriented protocols include, 
for example, Transmission Control Protocol. In sessionless 
transport protocols, a session queue 410 is preferably 
assigned to each stream. Such sessionless protocols may for 
example be the Universal Datagram Protocol (UDP). Thus 
traffic destined for a particular subscriber unit 101-1 is not 
simply routed to the subscriber unit 101-1. First, traffic of 
different types are from the perspective of the transport layer 
are ?rst routed to individual session queues 410-1-1, 410 
1-2, . . . , 410-1-m, associated With that particular connec 

tion. 

[0041] Another key function performed by the transport 
module 401-1 is to assign priorities to the individual queues 
410-1 associated With it. It Will later be understood that 
depending upon the bandWidth available to a particular 
subscriber unit 101, traf?c of higher priority Will be deliv 
ered to the transmission buffer 440-1 before those of loWer 
priority. This may include traf?c that is not session oriented, 
for example, real time traf?c or streaming protocols that may 
be carrying voice and/or video information. 

[0042] More particularly, the transport module 401-1 
reports the priorities of each of the individual session queues 
410-1 to its associated session multiplexer 420. Traf?c of 
higher priority Will be selected by the session multiplexer 
420 for loading into the transmit buffer 440-1 for loading 
traffic of loWer priority, in general. Traf?c of equal priority 
Will either be fairly selected such as using techniques knoW 
as Weighted fair queuing (WFQ) or other schemes such as 
oldest queued data loaded ?rst. 

[0043] Priorities associated With each session queue may 
be obtained from information such as a pro?le data record 
kept for each user. For example, some users may have 
speci?ed that they desire Web page traf?c traveling on TCP 
type session connections to have loWer priority than stream 
ing audio information carried on UDP type connections. 
PrioritiZation may also be based on other aspects of the data 
content being transmitted. For example, traf?c being for 
Warded from a private data netWork may be given priority 
over traffic being forWarded from public netWorks. 
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[0044] Each of the session multiplexers 420-1, 420-2, . . . 
, 420-n, reports indications to a session manager 430 of the 
states of all of the session queues 410 that it is currently 
managing. The session manager 430 also receives indica 
tions of the present forWard channel assignments given to 
each individual subscriber unit 101 by the channel assigner 
209. The channel assigner 209 monitors the usage of the 
transmit buffers 440 in the base station. Upon receipt of 
characteristic information concerning the state of hoW much 
data is queued in respect to transmit buffers 440, the channel 
resource assigner 209 then determines an urgency factor 
representing the relative need for each, subscriber unit 101 
to receive data on the available forWard link radio channels 
110. Using these urgency factors, the channel resource 
assigner 209 can then dynamically assign an optimum 
number of channel resources to be allocated to each sub 
scriber unit 101. Speci?c discussion of urgency factors in the 
allocation of channels is described in further detail beloW. 

[0045] To estimate hoW much data may be transversing 
the Wired netWork at any R particular instant in time, the 
session manager 430 also needs to maintain a running 
estimate of the latency or the back call netWork 105 to any 
particular server at the other end of a transport layer session. 
The transport modules 401 therefore Watch individual ses 
sion ?oWs from various netWork servers located in the Wired 
netWork 105 and are therefore capable of estimating laten 
cies such as by determining typical TCP round-trip time 
estimations. The transport modules 401 report this informa 
tion to the session manager 430. 

[0046] The session manager 430 containing all of this 
information can then send channel requests to the channel 
resource assigner 209 When it perceives that the present 
incoming data How from the Wired netWork for a particular 
individual subscriber unit 101-1 is greater than the data rate 
alloWed to that subscriber unit by its present channel con 
?guration. Recalled from above that the channel con?gura 
tion may include the number of channels assigned, coding 
rate, and symbol modulation rate for each speci?c channel. 
Likewise, the session manager 430 noti?es the channel 
resource assigner 209 When it is possible to release channel 
resources for a particular subscriber unit 101-1 if the incom 
ing data How from the Wired netWork 105 is less than the 
maximum data rate that is presently assigned to its forWard 
link. 

[0047] If split connection transport approaches are 
employed, (as described in RFC 2757—Long Thin Net 
Works, see http://WWW.ietf.org/rfc/rfc2757.txt?number= 
2757) the session manager 430 is capable of sending 
requests to the transport modules 401 that pause data How 
for any particular session or sessions. If the session is a TCP 
session, the transport modules 401 can then actively place 
the TCP senders at the other end of the netWork 105 into a 
so-called persist mode, thereby pausing all farther session 
?oW. If the session is a streaming or unreliable protocol such 
as UDP, a loss pro?le Will determine the nature of hoW the 
queued and incoming data is lost. Session information Will 
be paused or lost if the session manager 430 requests that 
more forWard bandWidth should be assigned to a particular 
subscriber unit 101-1 and the request denied. 

[0048] If channel requests are denied, the session manager 
430 then determines Which session information to regulate, 
pause, or lose data based on content priority information. As 
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previously mentioned, the transport session managers 401 
maintain information to alloW them to prioritiZe their indi 
vidual session queues 410 based on content so these trans 
port modules 401 can therefore choose the correct session 
queues to enable and/or disable based on priority. 

[0049] The transmission buffers 440 are each marked With 
levels that are used to calculate urgency factors for each 
respective buffer 440. The urgency factors are used is to 
determine channel allocation by the channel assigner 209 on 
a per subscriber per content basis. The levels, indicated in 
FIG. 4 as L1, L2, and L3, represent demarcation points for 
channel allocation and/or deallocation. Speci?cally, When 
the transmission buffers 440-1 is ?lling and a level is 
traversed, an indication is sent to the channel resource 
assigner 209 that the subscriber unit 101-1 is likely to need 
more forWard link bandWidth assigned. If the request is 
denied, the channel resource assigner 209 then sends this 
indication to the session manager 430. 

[0050] Conversely, When the transmission buffer 440-1 is 
emptying, and a level is traversed, an indication is sent to the 
channel resource assigner 209 that the associated subscriber 
unit 101-1 may have forWard traffic channels taken aWay 
from or deallocated Without affecting end to end perfor 
mance. 

[0051] The levels L1, L2 . . . 13, may therefore be termed 
under How thresholds. The levels basically represent per 
metations of available code rate and channel code assign 
ments for an individual subscriber unit 101. TWo require 
ments are needed to determine the threshold levels. First, the 
route trip transfer time on the Wired netWork either needs to 
be estimated or initial approximation needs to be set. For 
TCP sessions, a running round-trip time (RTT) estimation is 
made. For streaming oriented sessions such as UDP, another 
approximation can be made Which for example may be a 
function of hoW much data may be queued to optimiZe the 
user’s experience for a particular real time application using 
the UDP protocol. 

[0052] Secondly, the data rate over the air interface needs 
to be determined. This is a function of the present code rate 
(CR) and number of assigned channels (NCH) allocated to 
a particular subscriber unit. These are the values determined 
by the channel resource assigner 209.: 

[0053] Coding rates are assigned to subscriber units 101 
determined by the quality of the radio connection. For each 
assigned coding rate, the subscriber may also be assigned a 
number of channels. One scheme, therefore, allocates a 
Level to each available assigned channel. Thus levels 
L1-LC, Where C indicates the number of assigned channels 
are available at any given instant in time to service the 
connection. Thus the levels, L1-LC, change each time the 
number of channels are assigned as Well as each time the 
coding rate changes. Speci?cally, the particular buffer level 
associated With each L Will change depending upon the 
available coding rate. 

[0054] A graphical representation of a particular transmit 
buffer 440 is illustrated in FIG. 5. With knoWledge of the 
round-trip transfer time in the netWork 105 and the current 
available data rate over the forWard link radio channels 110 
allocated to the particular subscriber unit 101, the levels 
LI-LC may be calculated as folloWs: 

Ln=Under?oW Threshold=DRAk(code rate & channel 
con?guration)*At, 
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[0055] Where DRair is the data rate across the air interface, 
and the round-trip transfer time is either the estimated time 
or the set round-trip time over the Wired network 105. At is 
the time granularity used to monitor incoming data ?oWs. If 
this scheme is used only to optimize TCP connection ori 
ented sessions, At can be said to either the maXimum or 
average of all round-trip times estimated by the TCP end 
points, depending upon the available buffer space. 

[0056] The condition for sending a request for more 
bandWidth to be allocated to a particular subscriber unit 101 
is described by the folloWing relationship: 

max 

BCA, + Fin; * Ar] 
[:1 

[0057] Where At is the time granularity used to monitor the 
incoming data ?oWs, BCAt represents the current transmis 
sion buffer capacity at the beginning of a particular time 
frame, Fin1 minus FinrnaX represents all incoming data ?oWs 
from sessions or streams to the transmission buffer 440, and 
L(n+1) is the amount of data that can be sent over the radio 
forWard links 1110 in time At for the neXt increasing channel 
con?guration. 
[0058] Note that for session oriented TCP streams that the 
maXimum FinSubi is equal to the maXimum advertised 
received WindoW divided by the round-trip transfer time. 
This condition occurs When the combination of all incoming 
?oWs for a speci?c time interval is greater than the amount 
of data that can be transmitted during one time interval At at 
the neXt increasing channel capacity assignment. 

[0059] FIG. 6 represents this case graphically With the 
block arroW in the Figure representing the amount of How 
incoming for the time frame At. 

[0060] The condition for sending a channel deallocation 
request for a subscriber unit is given by the relationship: 

max 

BCA, + Fin; * Ar] 
[:1 

[0061] Where L(n) is the amount of data that can be sent 
over the assigned forWard link channels 110 in time At for 
the current channel con?guration. This condition occurs 
When the combination of all incoming ?oWs for a speci?c 
time interval, At is less than the amount of data that can be 
transmitted during that time interval at the current channel 
capacity assignment. This situation is represented in the 
diagram of FIG. 7 With the block arroW representing the 
amount of How incoming during time At. 

[0062] Note that in an actual implementation, the trans 
mission buffers 440 may only be theoretical queues repre 
sented by a data structure Within the session manager 430 or 
session multiplexers 420. The transmission buffers 440 are 
actually the combination of all data residing in all session 
queues 410 for any particular subscriber unit 101. This same 
logic applies When determining urgency factors and levels 
for the transmission buffer data structures namely that such 
logic can be implemented Within the session manager 430 
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and/or session multiplexers 420 rather than as a separate 
physical data storage structure and associated logic. 

[0063] The present invention therefore provides an advan 
tageous Way in Which transmission queues may be loaded 
and hoW additional resources may be requested and/or may 
be allocated and/or deallocated on a per subscriber basis. 
Individual transmission queues intended for particular sub 
scribers may therefore be monitored for data level and 
channels assigned or deassigned depending upon observed 
buffer ?lling rates. The channel resource assigner 209 there 
fore has knoWledge of the types of traf?c ?oW through the 
base station based upon application content. This alloWs 
more intelligent ef?cient channel allocation When there is 
competition for the available resources. Thus by having 
transport layer aWare channel allocation and deallocation 
coupled With calculation of over?oW and under?oW thresh 
old based upon current con?gured forWard link radio chan 
nel capacity, the connection betWeen the base station and the 
subscriber unit in the forWard link direction may be opti 
miZed. 

[0064] While this invention has been particularly shoWn 
and described With references to preferred embodiments 
thereof, it Will be understood by those skilled in the art that 
various changes in form and details may be made therein 
Without departing from the scope of the invention encom 
passed by the appended claims. 

What is claimed is: 
1. A method for allocating and deallocating channel 

resources from a limited number of channel resources used 
to transmit data from a base station transmitter to a plurality 
of subscriber unit receivers, the method comprising the steps 
of: 

storing the data to be transmitted to a particular one of the 
subscriber unit receivers in a plurality of data queues, 
there being multiple queues associated With each 
receiver, and With each queue allocated to handle data 
traffic having a particular traf?c type attribute; 

accepting data at a transmit processor Within the trans 
mitter, the data arriving from the multiple queues for 
transmission to the particular receiver; 

allocating a number of channel resources to the particular 
receiver; and 

monitoring usage of each of the queues by a channel 
resource assignor to determine the urgency of data to be 
transmitted to each queue’s respective receiver in order 
to dynamically assign an optimum number of channel 
resources to a communication link betWeen the trans 
mitter and receiver. 

2. A method as in claim 1 Wherein each one of the 
plurality of queues has an associated plurality of thresholds, 
each threshold associated With the level of data stored in that 
respective queue. 

3. A method as in claim 1 Wherein the traf?c attribute is 
content type. 

4. A method as in claim 1 Wherein the traf?c attribute is 
transport mechanism type. 

5. A method as in claim 4 Wherein the application type is 
selected from a group consisting of File Transfer Protocol 
(FTP) and Hyper TeXt Transfer Protocol (HTTP). 
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6. A method as in claim 3 wherein the transport type is 
selected from the group consisting of Transmission Control 
Protocol/Internet Protocol (TCP/IP) and User Datagram 
Protocol (UDP). 

7. A method as in claim 2 Wherein the queue thresholds 
indicate data under?oW. 

8. A method as in claim 1 Wherein the individual queues 
are associated With different transport layer sessions for a 
given user. 

9. A method as in claim 2 Wherein the queue thresholds 
are determined from coding rates assigned to the commu 
nications channels associated With the link betWeen the 
transmitter and receiver. 

10. A method as in claim 1 Wherein the queue thresholds 
depend upon a round trip transfer of time. 

11. A method as in claim 1 Wherein the queue thresholds 
depend upon the round trip transfer time and coding rates. 

12. A method as in claim 1 Wherein the queue thresholds 
depend upon an eXpected quality and data rate in the 
channel. 
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13. A method as in claim 1 additionally comprising the 
step of: 

computing an urgency factor associated With each queue 
based upon statistical information gathered for the 
accumulation of data at the associated plurality of 
thresholds for that queue, the urgency factor represent 
ing a relative need for the transmitter associated With 
each queue to transmit data, and Wherein the urgency 
factor each queue is used to determine the optimum 
number of channel resources to be allocated to the 
connections betWeen the transmitter and receiver. 

14. The method of claim 1 further including the steps of: 

determining hoW to allocate the available channels among 
the buffers by determining if the buffer having the 
highest urgency factor U eXceeds a respective high 
threshold and if the buffer having the loWest urgency 
factor U exceeds a respective loW threshold, and if so, 
deallocating one resource channel is from the buffer 
With the loWest urgency factor and reallocating the one 
resource channel to the buffer With the highest urgency 
factor. 


