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Electronic Acknowledgement Receipt

EFS ID: 39461810
Application Number: 16876604
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Confirmation Number: 6495
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First Named Inventor/Applicant Name: DAVID F. BRUECK
Customer Number: 70560
Filer: Brett Carlson/Julie Graf
Filer Authorized By: Brett Carlson
Attorney Docket Number: 066.0141X1C10
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Payment Type CARD
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File Listing:
Document . . File Size(Bytes Multi Pages
Document Description File Name ( y V . . 9
Number Message Digest | Part/.zip| (if appl.)
1823901
1 Application Data Sheet 20200518—A%S—3]c66_0141 xic1 no 10
p 2590d0539f0551580330a38322155dd05a2)
a0%e
Warnings:
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14776868
20200518_ConAppl_066-0141
by - 37
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Abstract 37 37
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133801
Drawings-only black and white line 20200518_Dwgs_066-0141X1C]
4 . no 1M
drawings 10.pdf
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3624
Warnings:
Information:
118915
5 Power of Attorney 20200518_P00A_£f66_0141X1C1 no 5
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Warnings:

The page size in the PDF is too large. The pages should be 8.5 x 11 or A4. If this PDF is submitted, the pages will be resized upon entry into the
Image File Wrapper and may affect subsequent processing

Information:

140703
20200518_RegForExam_066-0
- - no 2
6 TrackOne Request 141X1C10.pdf
4fe05ab6a296bdbdcd3c961540843bae036)
445¢
Warnings:
Information:
149199
20200518_PreliminaryAmend
Lo - no 4
7 Preliminary Amendment ment_066-0141X1C10.pdf
0f7da27e5d4b54ee9f373bd2559e43b326]
09dcS
Warnings:
Information:
43021
8 Fee Worksheet (SB06) fee-info.pdf no 2
4424d4bed4e7dcccd3437cc0fSb50850d 1a
60ee7
Warnings:
Information:
Total Files Size (in bytes)1 17321623

This Acknowledgement Receipt evidences receipt on the noted date by the USPTO of the indicated documents,
characterized by the applicant, and including page counts, where applicable. It serves as evidence of receipt similar to a
Post Card, as described in MPEP 503.

New Applications Under 35 U.S.C. 111

If a new application is being filed and the application includes the necessary components for a filing date (see 37 CFR
1.53(b)-(d) and MPEP 506), a Filing Receipt (37 CFR 1.54) will be issued in due course and the date shown on this
Acknowledgement Receipt will establish the filing date of the application.

National Stage of an International Application under 35 U.S.C. 371

If a timely submission to enter the national stage of an international application is compliant with the conditions of 35
U.S.C. 371 and other applicable requirements a Form PCT/DO/EO/903 indicating acceptance of the application as a
national stage submission under 35 U.S.C. 371 will be issued in addition to the Filing Receipt, in due course.

New International Application Filed with the USPTO as a Receiving Office

If a new international application is being filed and the international application includes the necessary components for
an international filing date (see PCT Article 11 and MPEP 1810), a Notification of the International Application Number
and of the International Filing Date (Form PCT/RO/105) will be issued in due course, subject to prescriptions concerning
national security, and the date shown on this Acknowledgement Receipt will establish the international filing date of
the application.
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PTO/AIA/14 (11-15)
Approved for use through 04/30/2017. OMB 0651-0032
U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Attorney Docket Number | 066.0141X1C10

Application Data Sheet 37 CFR 1.76

Application Number

Title of Invention | APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

The application data sheet is part of the provisional or nonprovisional application for which it is being submitted. The following form contains the
bibliographic data arranged in a format specified by the United States Patent and Trademark Office as outlined in 37 CFR 1.76.

This document may be completed electronically and submitted to the Office in electronic format using the Electronic Filing System (EFS) or the
document may be printed and included in a paper filed application.

Secrecy Order 37 CFR 5.2:

[ Portions or all of the application associated with this Application Data Sheet may fall under a Secrecy Order pursuant to
37 CFR 5.2 (Paper filers only. Applications that fall under Secrecy Order may not be filed electronically.}

Inventor Information:

Inventor |1

Remove

Legal Name

Prefix| Given Name

Middle Name

Family Name

Suffix

| I

IZ)AVID

F

IBRUECK

E

Residence Information (Select One) e US Residency

Non US Residency

Active US Military Service

City | BARATOGA SPRINGS

State/Province

UT

Country of Residence S

Mailing Address of Inventor:

Address 1 D62 NORTH RATTLER ROAD

Address 2

City | FARATOGA SPRINGS | state/Province | 1

Postal Code | }84043 | Countryi | ‘US

Inventor 2

Legal Name

Prefix| Given Name Middle Name Family Name Suffix
‘ ] prar P HURST ‘ ]

Residence Information (Select One) (@ US Residency

Non US Residency

Active US Military Service

CEDAR HILLS

City |

State/Province

T

Country of Residencé s

Mailing Address of Inventor:

Address 1

0639 NORTH AVALON

Address 2

City | EEDAR HILLS

| State/Province

| bt

Postal Code

| }84062

| Countryi

| ‘us

Inventor 3

Remove

Legal Name

Prefix| Given Name

Middle Name

Family Name

Suffix

I

PREW

IVIAJOR

| [

Residence Information (Select One) (®) US Residency

Non US Residency

Active US Military Service

EFS Web 2212
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PTO/AIA/14 (11-15)

Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Attorney Docket Number | 066.0141X1C10

Application Data Sheet 37 CFR 1.76 —
Application Number

Title of Invention | APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

City | PREM State/Province | UT | Country of Residencd | S

Mailing Address of Inventor:

Address 1 B63 WEST 600 SOUTH

Address 2

City | [preEM | state/Province | rJT

Postal Code | )84058 | Countryi | ‘US

All Inventors Must Be Listed - Additional Inventor Information blocks may be

generated within this form by selecting the Add button.

Correspondence Information:

Enter either Customer Number or complete the Correspondence Information section below.
For further information see 37 CFR 1.33(a).

[ ] An Address is being provided for the correspondence Information of this application.

Customer Number 70560

Email Address docketing@Ikglcbal.com | Add Email ] |[Remove Email

Application Information:

Title of the Invention PPPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

Attorney Docket Number| p66.0141X1C10 Small Entity Status Claimed [ ]

Application Type Nonprovisional -
Subject Matter | Itility -
Total Number of Drawing Sheets (if any) 11 Suggested Figure for Publication (if any)

Filing By Reference:

Only complete this section when filing an application by reference under 35 U.S.C. 111(c) and 37 CFR 1.57(a). Do not complete this section if
application papers including a specification and any drawings are being filed. Any domestic benefit or foreign priority information must be
provided in the appropriate section(s) below (i.e., "Domestic Benefit/National Stage Information” and “Foreign Priority Information”).

For the purposes of a filing date under 37 CFR 1.53(b), the descripticn and any drawings of the present application are replaced by this
reference to the previously filed application, subject to conditions and requirements of 37 CFR 1.57(a). ]
| -
Application number of the previously Filing date {YYYY-MM-DD) Intellectual Property Authority or Country
filed applicaticn

Publication Information:
[] Request Early Publication (Fee required at time of Request 37 CFR 1.219)

Req uest Not to Publish. | hereby request that the attached application not be published under

35 U.S.C. 122(b) and certify that the invention disclosed in the attached application has not and will not be the
subject of an application filed in another country, or under a multilateral international agreement, that requires
publication at eighteen months after filing.

EFS Web 2.2.12
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PTO/AIA/14 (11-15)

Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Attorney Docket Number | 066.0141X1C10

Application Data Sheet 37 CFR 1.76

Application Number

Title of Invention | APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

Representative Information:

Representative information should be provided for all practitioners having a power of attorney in the application. Providing
this information in the Application Data Sheet does not constitute a power of attorney in the application (see 37 CFR 1.32).

Either enter Customer Number or complete the Representative Name section below. If both sections are completed the customer
Number will be used for the Representative Information during processing.

Please Select One: ® Customer Number US Patent Practitioner ‘ (O Limited Recognition (37 CFR 11.9)
Customer Number 70560

Domestic Benefit/National Stage Information:

This section allows for the applicant to either claim benefit under 35 U.S.C. 119(e), 120, 121, 365(c), or 386(c) or indicate
National Stage entry from a PCT application. Providing benefit claim information in the Application Data Sheet constitutes
the specific reference required by 35 U.S.C. 119(e) or 120, and 37 CFR 1.78.
When referring to the current application, please leave the “Application Number” field blank.
Prior Application Status | Pending v Remove
Filing or 371(c) Date
Application Number Continuity Type Prior Application Number (YYYY-MM-DD)
[Continuation of | 16004056 2018-06-08
Prior Application Status | [Patented -
Application - Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
‘1 6004056 |Continuation of | 15414025 |2017-01-24 P998516 |2018—06—12
Prior Application Status | Patented ~ Remove
Application - Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
‘15414025 IContinuation of - |14719122 |2015-05-21 P571551 |2017-02-14
Prior Application Status | Patented - Remove
Application - Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
‘14719122 |Continuation of -] 14106051 |2013-12-13 P(mees |2015-06-30
Prior Application Status | Patented - Remove
Application - Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
‘14106051 |Continuation of - |136171 14 |2012-09-14 F}612624 |2013-12-17

EFS Web 2.2.12
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PTO/AIA/14 (11-15)

Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

L Attorney Docket Number | 066.0141X1C10
Application Data Sheet 37 CFR 1.76 —
Application Number
Title of Invention APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING
Prior Application Status | Patented -
Application L Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
13617114 [continuation of -] f2006940 p010-10-18 8402156 P013-03-19
Prior Application Status | Patented - Remove
Application - Prior Application Filing Date Issue Date
Number Continuity Type Number (YYYY-MM-DD) Patent Number (YYYY-MM-DD)
‘1 2906940 |Continuation of -] 1673483 |2007-02-09 ’7818444 |2010-10-19
Prior Application Status | Patented v Remove
Application - Prior Application Filing Date Issue Date
Number Continuity Type Number (YYyY-Mm-DDy | Patent Number | vyy pm-DD)
‘11673483 |Continuation in part of [~ |11116783 |2005—04—28 P868772 |2014-10-21
Prior Application Status | [Expired -
Filing or 371(c) Date
Application Number Continuity Type Prior Application Number (YYYY-MM-DD)
11116783 [Claims benefit of provisional ~| 60566831 2004-04-30
Additional Domestic Benefit/National Stage Data may be generated within this form
. Add
by selecting the Add button.

Foreign Priority Information:

This section allows for the applicant to claim priority to a foreign application. Providing this information in the application data sheet
constitutes the claim for priority as required by 35 U.S.C. 119(b) and 37 CFR 1.55. When priority is claimed to a foreign application
that is eligible for retrieval under the priority document exchange program (PDX)I the information will be used by the Office to
automatically attempt retrieval pursuant to 37 CFR 1.55{i){(1) and (2). Under the PDX program, applicant bears the ultimate
responsibility for ensuring that a copy of the foreign application is received by the Office from the participating foreign intellectual
property office, or a certified copy of the foreign priority application is filed, within the time period specified in 37 CFR 1.55(g)}1).

Remove

Access Codei (if applicable)

Application Number Countryi Filing Date (YYYY-MM-DD)

Additional Foreign Priority Data may be generated within this form by selecting the
Add button.

Statement under 37 CFR 1.55 or 1.78 for AlA (First Inventor to File) Transition
Applications

EFS Web 2.2.12
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PTO/AIA/14 (11-15)

Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

L Attorney Docket Number | 066.0141X1C10
Application Data Sheet 37 CFR 1.76

Application Number

Title of Invention | APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

This application (1) claims priority to or the benefit of an application filed before March 16, 2013 and (2) also

contains, or contained at any time, a claim to a claimed invention that has an effective filing date on or after March
[] 16, 2013.

NOTE: By providing this statement under 37 CFR 1.55 or 1.78, this application, with a filing date on or after March

16, 2013, will be examined under the first inventor to file provisions of the AlA.

EFS Web 2.2.12
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PTO/AIA/14 (11-15)

Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Attorney Docket Number | 066.0141X1C10

Application Data Sheet 37 CFR 1.76

Application Number

Title of Invention | APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

Authorization or Opt-Out of Authorization to Permit Access:

When this Application Data Sheet is properly sighed and filed with the application, applicant has provided written
authority to permit a participating foreign intellectual property (IP) office access to the instant application-as-filed (see
paragraph A in subsection 1 below) and the European Patent Office (EPQO) access to any search results from the instant
application (see paragraph B in subsection 1 below).

Should applicant choose not to provide an authorization identified in subsection 1 helow, applicant must opt-out of the
authorization by checking the corresponding box A or B or both in subsection 2 below.

NOTE: This section of the Application Data Sheet is ONLY reviewed and processed with the INITIAL filing of an
application. After the initial filing of an application, an Application Data Sheet cannot be used to provide or rescind
authorization for access by a foreign IP office(s). Instead, Form PTO/SB/39 or PTO/SB/69 must be used as appropriate.

1. Authoerization to Permit Access by a Foreign Intellectual Property Office(s)

A. Priority Document Exchange (PDX) - Unless box A in subsection 2 (opt-out of authorization) is checked, the
undersigned hereby grants the USPTO authority to provide the European Patent Office (EPQO), the Japan Patent Office
(JPO), the Korean Intellectual Property Office (KIPO), the State Intellectual Property Office of the People’s Republic of
China (SIP0O), the World Intellectual Property Organization (WIPO), and any other foreign intellectual property office
participating with the USPTO in a bilateral or multilateral priority document exchange agreement in which a foreign
application claiming priority to the instant patent application is filed, access to: (1) the instant patent application-as-filed
and its related bibliographic data, (2) any foreign or domestic application to which priority or benefit is claimed by the
instant application and its related biblicgraphic data, and (3) the date of filing of this Authorization. See 37 CFR 1.14(h)

().

B. Search Results from U.S. Application to EPO - Unless box B in subsection 2 (opt-out of authorization) is checked,
the undersigned hereby grants the USPTO authority to provide the EPO access to the bibliographic data and search
results from the instant patent application when a European patent application claiming priority to the instant patent
application is filed. See 37 CFR 1.14(h)(2).

The applicant is reminded that the EPO’s Rule 141(1) EPC (European Patent Convention) requires applicants to submit a
copy of search results from the instant application without delay in a European patent application that claims priority to
the instant application.

2_ Opt-Out of Authorizations to Permit Access by a Foreign Intellectual Property Office(s}

A. Applicant DOES NOT authorize the USPTO to permit a participating foreign IP office access to the instant
[] application-as-filed. If this box is checked, the USPTO will not be providing a participating foreign IP office with
any documents and information identified in subsection 1A above.

B. Applicant DOES NOT authocrize the USPTO to transmit to the EPO any search results from the instant patent
[] application. If this box is checked, the USPTO will not be providing the EPO with search results from the instant
application.
NOTE: Once the application has published or is otherwise publicly available, the USPTO may provide access to the
application in accordance with 37 CFR 1.14.

EFS Web 2.2.12

fuboTV Media Inc.
Exhibit 1002
Page 011



PTO/AIA/14 (11-15)

Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Attorney Docket Number | 066.0141X1C10

Application Data Sheet 37 CFR 1.76

Application Number

Title of Invention | APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

Applicant Information:

Providing assignment information in this section does not substitute for compliance with any requirement of part 3 of Title 37 of CFR
to have an assignment recorded by the Office.

Applicant }

If the applicant is the inventor (or the remaining jeint inventor or inventors under 37 CFR 1.45), this section should not be completed.
The information to be provided in this section is the name and address of the legal representative who is the applicant under 37 CFR
1.43; or the name and address of the assignee, person to whom the inventor is under an obligation to assign the invention, or person
who otherwise shows sufficient proprietary interest in the matter who is the applicant under 37 CFR 1.46. If the applicant is an
applicant under 37 CFR 1.46 {assignee, person to whom the inventor is obligated to assign, or person who otherwise shows sufficient
proprietary interest) together with one or more joint inventors, then the joint inventor or inventors who are also the applicant should be

identified in this section.

Assignee Legal Representative under 35 U.S.C. 117 Joint Inventor

® Person to whom the inventor is cbligated to assign. Person who shows sufficient proprietary interest

If applicant is the legal representative, indicate the authority to file the patent application, the inventor is:

R

Name of the Deceased or Legally Incapacitated Inventor:

If the Applicant is an Organization check here. X

Organization Name | by o1 Technologies L.L.C.

Mailing Address Information For Applicant:

Address 1 D601 S. Menidian Blvd.

Address 2

City Fnglewood State/Province CO
Country ‘ s Postal Code 80112
Phone Number Fax Number

Email Address

Additional Applicant Data may be generated within this form by selecting the Add button. Add

Assignee Information including Non-Applicant Assignee Information:

Providing assignment information in this section does not substitute for compliance with any requirement of part 3 of Title
37 of CFR to have an assignment recorded by the Office.

EFS Web 2.2.12
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PTO/AIA/14 (11-15)

Approved for use through 04/30/2017. OMB 0651-0032

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

Attorney Docket Number | 066.0141X1C10

Application Data Sheet 37 CFR 1.76

Application Number

Title of Invention | APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

Assignee (1

Complete this section if assignee information, including non-applicant assignee information, is desired to be included on the patent
application publication. An assignee-applicant identified in the "Applicant Information" section will appear on the patent application
publication as an applicant. For an assignee-applicant, complete this section only if identification as an assignee is also desired on the
patent application publication.

If the Assignee or Non-Applicant Assignee is an Organization check here. X
Organization Name DISH Technologies L.L.C.
Mailing Address Information For Assignee including Non-Applicant Assignee:
Address 1 D601 S. Meridian Blvd.
Address 2
City Fnglewood I State/Province CO
Countryi s I Postal Code 80112
Phone Number | Fax Number
Email Address
Additional Assignee or Non-Applicant Assignee Data may be generated within this form by o

selecting the Add button.

Signature:

NOTE: This Application Data Sheet must be signed in accordance with 37 CFR 1.33(b). However, if this Application
Data Sheet is submitted with the INITIAL filing of the application and either box A or B is not checked in
subsection 2 of the “Authorization or Opt-Out of Authorization to Permit Access” section, then this form must
also be signed in accordance with 37 CFR 1.14{c).

This Application Data Sheet must be signed by a patent practitioner if one or more of the applicants is a juristic
entity (e.g., corporation or association). If the applicant is two or more joint inventors, this form must be signed by a
patent practitioner, all joint inventors who are the applicant, or one or more joint inventor-applicants who have been given
power of attorney (e.g., see USPTO Form PTO/AIA/81) on behalf of all joint inventor-applicants.

See 37 CFR 1.4(d) for the manner of making signatures and certifications.

Signature [/BRETT A. CARLSON/ Date (YYYY-MM-DD)| 2020-05-18
First Name Prett A Last Name | ’Carlson Registration Number 9,928
Additional Signature may be generated within this form by selecting the Add button. Add
EFS Web 2.2.12
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PTO/AIA/4 (11-15)

Approved for use through 04/30/2017. OMB 0651-0032
U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

L Attorney Docket Number
Application Data Sheet 37 CFR 1.76

066.0141X1C10

Application Number

Title of Invention | APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

This collection of information is required by 37 CFR 1.76. The information is required to obtain or retain a benefit by the public which
is to file (and by the USPTO to process) an application. Confidentiality is governed by 35 U.5.C. 122 and 37 CFR 1.14. This
collection is estimated to take 23 minutes to complete, including gathering, preparing, and submitting the completed application data
sheet form to the USPTO. Time will vary depending upon the individual case. Any comments on the amount of time you require to
complete this form and/or suggestions for reducing this burden, should be sent to the Chief Information Officer, U.S. Patent and
Trademark Office, U.S. Department of Commerce, P.O. Box 1450, Alexandria, VA 22313-1450. DO NOT SEND FEES OR
COMPLETED FORMS TO THIS ADDRESS. SEND TO: Commissioner for Patents, P.O. Box 1450, Alexandria, VA 22313-1450.

EFS Web 2.2.12
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Privacy Act Statement

The Privacy Act of 1974 (P.L. 93-579) requires that you be given certain information in connection with your submission of the attached form related to a patent
application or patent. Accordingly, pursuant to the requirements of the Act, please be advised that: (1) the general authority for the collection of this information
is 35 U.S.C. 2(b)(2); (2) furnishing of the information solicited is voluntary; and (3) the principal purpose for which the information is used by the U.5. Patent and
Trademark Office is to process and/or examine your submission related to a patent application or patent. If you do not furnish the requested information, the U.S.
Patent and Trademark Office may not be able to process and/or examine your submission, which may result in termination of proceedings or abandonment of
the application or expiration of the patent.

The information provided by you in this form will be subject to the following routine uses:

1 The information on this form will be treated confidentially to the extent allowed under the Freedom of Information Act (5 U.S.C. 552) and the Privacy
Act (5 U.SC. 552a). Records from this system of records may be disclosed to the Department of Justice to determine whether the Freedom of
Information Act requires disclosure of these records.

2. Arecord from this system of records may be disclosed, as a routine use, in the course of presenting evidence to a court, magistrate, or administrative
tribunal, including disclosures to opposing counsel in the course of settlement negotiations.

3 Arecord in this system of records may be disclosed, as a routine use, to a Member of Congress submitting a request involving an individual, to whom
the record pertains, when the individual has requested assistance from the Member with respect to the subject matter of the record.

4,  Arecord in this system of records may be disclosed, as a routine use, to a contractor of the Agency having need for the information in order to perform
a contract. Recipients of information shall be required to comply with the requirements of the Privacy Act of 1974, as amended, pursuant to 5 U.5.C.
552a{m).

5. Arecord related to an International Application filed under the Patent Cooperation Treaty in this system of records may be disclosed, as a routine use,
to the International Bureau of the World Intellectual Property Organizaticn, pursuant to the Patent CooperationTreaty.

6. A record in this system of records may be disclosed, as a routine use, to another federal agency for purposes of National Security review (35 U.5.C. 181)
and for review pursuant to the Atomic Energy Act (42 U.S.C. 218(c)).

7. Arecord from this system of records may be disclosed, as a routine use, to the Administrator, General Services, or his/her designee, during an
inspection of records conducted by GSA as part of that agency's responsibility to recommend improvements in records management practices and
programs, under authority of 44 1.5.C. 2904 and 2906. Such disclosure shall be made in accordance with the GSA regulations governing inspection of
records for this purpose, and any other relevant {i.e., GS5A or Commerce) directive. Such disclosure shall not be used to make determinations about
individuals.

8.  Arecord from this systemn of records may be disclosed, as a routine use, to the public after either publication of the application pursuant to 35 U.S.C.
122(b) or issuance of a patent pursuant to 35 U.5.C. 151. Further, a record may be disclosed, subject to the limitations of 37 CFR 1.14, as a routine use,
to the pubilic if the record was filed in an application which became abandoned or in which the proceedings were terminated and which application is
referenced by either a published application, an application open to public inspections or an issued patent.

9. Arecord from this system of records may be disclosed, as a routine use, to a Federal, State, or local law enforcement agency, if the USPTO becomes
aware of a violation or potential viclation of law or regulation.
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APPARATUS, SYSTEM, AND METHOD FOR
MULTI-BITRATE CONTENT STREAMING

CROSS-REFERENCES TO RELATED APPLICATIONS

{0001] This application is a continuvation of U.S. Patent Application Number 11/673,483,
filed on February 9, 2007, which is a continuation-in-part of Application No. 11/116,783,
filed on April 28, 2005, which claims the benefit of U.S. Provisional Application No.
60/566,831, filed on April 30, 2004, all of which are incorporated herein by reference.

BACKGROUND OF THE INVENTION

FIELD OF THE INVENTION
[0002] The invention relates to video streaming over packet switched networks such as
the Internet, and more particularly relates to adaptive-rate shifting of streaming content

over such networks.

DESCRIPTION OF THE RELATED ART

[0003] The Internet is fast becoming a preferred method for distributing media files to
end users. Itis currently possible to download music or video to computers, cell phones,
or practically any network capable device. Many portable media players are equipped
with network connections and enabled to play music or videos. The music or video files
(hereinafter “media files”} can be stored locally on the media player or computer, or
streamed or downloaded from a server.

[0004] “Streaming media”™ refers to technology that delivers content at a rate sufficient
for presenting the media to a user in real time as the data is received. The data may be
stored in memory temporarily until played and then subsequently deleted. The user has
the immediate satisfaction of viewing the requested content without waiting for the media
tile to completely download. Unfortunately, the audio/video quality that can be received
for real time presentation is constrained by the available bandwidth of the user’s network
connection. Streaming may be used to deliver content on demand (previously recorded)

or from live broadcasts.
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[0005] Alternatively, media files may be downloaded and stored on persistent storage
devices, such as hard drives or optical storage, for later presentation. Downloading
complete media files can take large amounts of time depending on the network
connection. Once downloaded, however, the content can be viewed repeatedly anytime
or anywhere. Media files prepared for downloading usually are encoded with a higher
quality audio/video than can be delivered in real time. Users generally dislike this option,
as they tend to want to see or hear the media file instantaneously.

{0006] Streaming offers the advantage of immediate access to the content but currently
sacrifices quality compared with downloading a file of the same content. Streaming also
provides the opportunity for a user to select different content for viewing on an ad hoc
basis, while downloading is by definition restricted to receiving a specific content
selection in its entirety or not at all. Downloading also supports rewind, fast forward, and
direct seek operations, while streaming is unable to fully support these functions.
Streaming is also vulnerable to network failures or congestion.

[0007] Another technology, known as “progressive downloads,” attempts to combine the
strengths of the above two technologies. When a progressive download is initiated, the
media file download begins. and the media player waits to begin playback until there is
enough of the file downloaded that playback can begin with the hope that the remainder
of the file will be completely downloaded before playback “catches up.” This waiting
period before playback can be substantial depending on network conditions, and therefore
is not a complete or fully acceptable solution to the problem of media presentation over a
network.

[0008] Generally, three basic challenges exist with regard to data transport streaming
over a network such as the Internet that has a varying amount of data loss. The first
challenge is reliability. Most streaming solutions use a TCP connection, or “virtual
circuit,” for transmitting data. A TCP connection provides a guaranteed delivery
mechanism so that data sent from one endpoint will be delivered to the destination, even
if portions are lost and retransmitted. A break in the continuity of a TCP connection can
have serious consequences when the data must be delivered in real-time. When a
network adapter detects delays or losses in a TCP connection, the adapter “backs off”

from transmission attempts for a moment and then slowly resumes the original

8532P002C 2

fuboTV Media Inc.

Exhibit 1002
Page 017



transmission pace. This behavior is an attempt to alleviate the perceived congestion.
Such a slowdown is detrimental to the viewing or listening experience of the user and
therefore is not acceptable.

[0009] The second challenge to data transport is efficiency. Efficiency refers to how well
the user’s available bandwidth is used for delivery of the content stream. This measure is
directly related to the reliability of the TCP connection. When the TCP connection is
suffering reliability problems, a loss of bandwidth utilization results. The measure of
efficiency sometimes varies suddenly, and can greatly impact the viewing experience.
[0010] The third challenge is latency. Latency is the time measure form the client’s
point-of-view, of the interval between when a request is issued and the response data
begins to arrive. This value is affected by the network connection’s reliability and
efficiency, and the processing time required by the origin to prepare the response. A
busy or overloaded server, for example, will take more time to process a request. As well
as affecting the start time of a particular request, latency has a significant impact on the
network throughput of TCP.

[0011] From the foregoing discussion, it should be apparent that a need exists for an
apparatus, system. and method that alleviate the problems of reliability, efficiency, and
latency. Additionally, such an apparatus, system, and method would offer instantaneous
viewing along with the ability to fast forward, rewind, direct seek, and browse multiple
streams. Beneficially, such an apparatus, system, and method would utilize multiple
connections between a source and destination, requesting varying bitrate streams

depending upon network conditions.
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SUMMARY OF THE INVENTION

[0012] The present invention has been developed in response to the present state of the
art. and in particular, in response to the problems and needs in the art that have not yet
been fully solved by currently available content streaming systems. Accordingly, the
present invention has been developed to provide an apparatus, system, and method for
adaptive-rate content streaming that overcome many or all of the above-discussed
shortcomings in the art.

{0013] The apparatus for adaptive-rate content streaming is provided with a logic unit
containing a plurality of modules configured to functionally execute the necessary steps.
These modules in the described embodiments include a receiving module configured to
receive media content. a streamlet module configured to segment the media content and
generate a plurality of sequential streamlets, and an encoding module configared to
encode each streamliet as a separate content file.

{0014] The encoding module is further configured to generate a set of streamlets for each
of the sequential streamlets. Each streamlet may comprise a portion of the media content
having a predetermined length of time. The predetermined length of time may be in the
range of between about .1 and 5 seconds.

[0015] In one embodiment, a set of streamlets comprises a phlurality of streamlets having
identical time indices, and each streamlet of the set of streamlets has a unique bitrate.
The receiving module is configured to convert the media content to raw audio or raw
video. The encoding module may include a master module configured to assign an
encoding job to one of a plurality of host computing modules in response to an encoding
job completion bid. The job completion bid may be based on a plurality of computing
variables selected from a group consisting of current encoding job completion percentage,
average encoding job completion time, processor speed, and physical memory capacity.
{0016] A system of the present invention is also presented for adaptive-rate content
streaming. In particular, the system, in one embodiment, includes a receiving module
configured to receive media content, a streamlet module configured to segment the media
content and generate a plurality of sequential streamlets, each streamlet comprising a

portion of the media content having a predetermined length of time, and an encoding
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module configured to encode each streamlet as a separate content file and generate a set
of streamlets.

[0017] The system also includes a plurality of streamlets having identical time indices
and each streamlet of the set of streamlets having a unique bitrate. The encoding moedule
comprises a master module configured to assign an encoding job to one of a plurality of
host computing modules in response to an encoding job completion bid.

[0018] A method of the present invention is also presented for adaptive-rate content
streaming. In one embodiment. the method includes receiving media content, segmenting
the media content and generating a plurality of sequential streamlets, and encoding each
streamlet as a separate content file.

[0019] The method also includes segmenting the media content into a plurality of
streamlets, each streamlet comprising a portion of the media content having a
predetermined length of time. In one embodiment, the method includes generating a set
of streamlets comprising a plurality of streamlets having identical time indices, and each
streamlet of the set of streamlets having a unique bitrate.

[0020] Furthermore, the method may include converting the media content to raw audio
or raw video, and segmenting the content media into a plurality of sequential streamlets.
The method further comprises assigning an encoding job to one of a plurality of host
computing modules in response to an encoding job completion bid, and submitting an
encoding job completion bid based on a plurality of computing variables.

[0021] Reference throughout this specification to features, advantages, or similar
language does not imply that all of the features and advantages that may be realized with
the present invention should be or are in any single embodiment of the invention. Rather,
language referring to the features and advantages is understood to mean that a specific
feature, advantage, or characteristic described in connection with an embodiment is
included in at least one embodiment of the present invention. Thus, discussion of the
features and advantages, and similar language, throughout this specification may, but do
not necessarily, refer to the same embodiment.

[0022] Furthermore, the described features, advantages, and characteristics of the
invention may be combined in any suitable manner in one or more embodiments. One

skilled in the relevant art will recognize that the invention may be practiced without one
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or more of the specific features or advantages of a particular embodiment. In other
instances, additional features and advantages may be recognized in certain embodiments
that may not be present in all embodiments of the invention.

{0023] These featares and advantages of the present invention will become more fully
apparent from the following description and appended claims. or may be learned by the

practice of the invention as set forth hereinafter.
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BRIEF DESCRIPTION OF THE DRAWINGS

[0024] In order that the advantages of the invention will be readily understood, a more
particular description of the invention briefly described above will be rendered by
reference to specific embodiments that are illustrated in the appended drawings.
Understanding that these drawings depict only typical embodiments of the invention and
are not therefore to be considered to be limiting of its scope, the invention will be
described and explained with additional specificity and detail through the use of the
accompanying drawings, in which:

[0025] Figure 1 is a schematic block diagram illustrating one embodiment of a system for
dynamic rate shifting of streaming content in accordance with the present invention;
[0026] Figure 2a is a schematic block diagram graphically illustrating one embodiment
of a media content file;

[0027] Figure 2b is a schematic block diagram illustrating one embodiment of a plurality
of streams having varying degrees of quality and bandwidth;

[0028] Figure 3a is a schematic block diagrarn illustrating one embodiment of a stream
divided into a plurality of source streamlets:

[0029] Figure 3b is a schematic block diagram illustrating one embodiment of sets of
streamlets in accordance with the present invention:

[0030] Figure 4 is a schematic block diagram illustrating in greater detail one
embodiment of the content moedule in accordance with the present invention;

[0031] Figwre Sais a schematic block diagram illustrating one embodiment of an encoder
module in accordance with the present invention;

[0032] Figure 5b is a schematic block diagram illustrating one embodiment of parallel
encoding of streamlets in accordance with the present invention;

[0033] Figure 6a is a schematic block diagram illustrating one embodiment of a virtual
timeline in accordance with the present invention;

[0034] Figure 6b is a schematic block diagram illustrating an alternative embodiment of a
VT in accordance with the present invention:

[0035] Figure 6¢ is a schematic block diagram illustrating one embodiment of a QMX in

accordance with the present invention;
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[0036] Figure 7 is a schematic block diagram graphically illustrating one embodiment of

a client module in accordance with the present invention;

[0037] Figure 8 is a schematic flow chart diagram illustrating one embodiment of a
method for processing content in accordance with the present invention:

[0038] Figure 9 is a schematic flow chart diagram illustrating one embodiment of a
method for viewing a plurality of streamlets in accordance with the present invention;
and

{0039] Figure 10 is a schematic flow chart diagram illustrating one embodiment of a
method for requesting streamlets within an adaptive-rate shifting content streaming

environment in accordance with the present invention.
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DETAILED DESCRIPTION OF THE INVENTION

[0040] Many of the functional units described in this specification have been labeled as
modules, in order to more particularly emphasize their implementation independence.
For example, a module may be implemented as a hardware circuit comprising custom
VL.S1 circuits or gate arrays, off-the-shelf semiconductors such as logic chips, transistors,
or other discrete components. A module may also be implemented in programumable
hardware devices such as field programmable gate arrays. programmable array logic,
programmable logic devices or the like.

[0041] Modules may also be implemented in software for execution by various types of
processors. An identified module of executable code may, for instance, comprise one or
more physical or logical blocks of computer instructions which may, for instance, be
organized as an object, procedure, or function. Nevertheless, the executables of an
identified module need not be physically located together, but may comprise disparate
instructions stored in different locations which, when joined logically together, comprise
the module and achieve the stated purpose for the module.

[0042] Indeed, a module of executable code may be a single instruction, or many
instructions, and may even be distributed over several different code segments, among
different programs, and across several memory devices. Similarly, operational data may
be identified and illustrated herein within modules, and may be embodied in any suitable
form and organized within any suitable type of data structure. The operational data may
be collected as a single data set, or may be distributed over different locations including
over different storage devices, and may exist, at least partially, merely as electronic
signals on a system or network.

LT

[0043] Reference throughout this specification to “one embodiment,” “an embodiment,”
or similar language means that a particular feature, structure, or characteristic described
in connection with the embodiment is included in at least one embodiment of the present
invention. Thus, appearances of the phrases “in one embodiment,” “in an embodiment,”
and similar language throughout this specification may, but do not necessarily, all refer to
the same embodiment.

[0044] Reference to a signal bearing medium may take any form capable of generating a

signal, causing a signal to be generated, or causing execution of a program of machine-
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readable instructions on a digital processing apparatus. A signal bearing medium may be
embodied by a transmission line, a compact disk, digital-video disk, a magnetic tape, a
Bernoulli drive, a magnetic disk, a punch card, flash memory, integrated circuits, or other
digital processing apparatus memory device. In one embodiment, a computer program
product including a computer useable medium having a computer readable program of
computer instructions stored thereon that when executed on a coniputer causes the
computer to carry out operations for multi-bitrate content streaming as described herein.
[0045] Furthermore, the described features, structures, or characteristics of the invention
may be combined in any suitable manner in one or more embodiments. In the following
description, numerous specific details are provided, such as examples of programming,
software modules, user selections, network transactions, database queries, database
structures, hardware modules, hardware circuits, hardware chips, etc., to provide a
thorough understanding of embodiments of the invention. One skilled in the relevant art
will recognize, however, that the invention may be practiced without one or more of the
specific details, or with other methods, components, materials, and so forth. In other
instances, well-known structures, materials, or operations are not shown or described in
detail to avoid obscuring aspects of the invention.

[0046] Figure 1 is a schematic block diagram iltustrating one embodiment of a system
100 for dynamic rate shifting of streaming content in accordance with the present
invention. In one embodiment, the system 100 comprises a content server 102 and an
end user station 104. The content server 102 and the end user station 104 may be coupled
by a data communications network. The data communications network may include the
Internet 106 and connections 108 to the Internet 106. Alternatively, the content server
102 and the end user 104 may be located on a common local area network, wireless area
network, cellular network, virtual local area network, or the like. The end user station
104 may comprise a personal computer (PC), an entertainment system configured to
communicate over a network, or a portable electronic device configured to present
content. For example, portable electronic devices may include, but are not limited to,
cellular phones, portable gaming systems, and portable computing devices.

{0047] In the depicted embodiment, the system 100 also includes a publisher 110, and a

web server 116. The publisher 110 may be a creator or distributor of content. For
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example, if the content to be streamed were a broadcast of a television program, the
publisher 110 may be a television or cable network channel such as NBC®, or MTV®.
Content may be transferred over the Internet 106 to the content server 102, where the
content is received by a content module 112. The content module 112 may be configured
to receive, process, and store content. In one embodiment, processed content is accessed
by a client module |14 configured to play the content on the end user station 104. Ina
further embodiment, the client module 114 is configured to receive ditferent portions of a

content stream from a plarality of locations simultancously. For example, the client

module 114 may request and receive content from any of the plurality of web servers 116.

[0048] Content from the content server 102 may be replicated to other web servers 116 or
alternatively to proxy cache servers 118. Replicating may occur by deliberate forwarding
from the content server 102, or by a web, cache, or proxy server outside of the content
server 102 asking for content on behalf of the client module 114. In a further
embodiment, content may be forwarded directly to web 116 or proxy 118 servers through
direct comumunication channels 120 without the need to traverse the Internet 106.

[0049] Figure 2a is a schematic block diagram graphically illustrating one embodiment
of a media content (hereinafter “content™) file 200. In one embodiment, the content file
200 is distributed by the publisher 110. The content file 200 may comprise a television
broadcast, sports event, movie, music, coneert, etc. The content file 200 may also be live
or archived content. The content file 200 may comprise uncompressed video and audio,
or alternatively, video or audio. Alternatively, the content file 200 may be compressed
using standard or proprietary encoding schemes. Examples of encoding schemes capable
of use with the present invention include, but are not limited to, DivX®, Windows Media
Video®, Quicktime Sorenson 3®, On2, OGG Vorbis, MP3, or Quicktime 6.5/ MPEG-4®
encoded content.

{0050] Figure 2b is a schematic block diagram illustrating one embodiment of a plurality
of streams 202 having varying degrees of quality and bandwidth. In one embodiment, the
plurality of streams 202 comprises a low quality stream 204, a medium quality stream
206, and a high quality stream 208. Each of the streams 204, 206, 208 is a copy of the
content file 200 encoded and compressed to varying bit rates. For example, the low

quality stream 204 may be encoded and compressed to a bit rate of 100 kilobits per
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second (kbps), the medium quality stream 206 may be encoded and compressed to a bit
rate of 200 kbps, and the high quality stream 208 may be encoded and compressed to 600
kbps.

{0051] Figure 3a is a schematic block diagram illustrating one embodiment of a stream
302 divided into a plurality of source streamlets 303. As used herein, streamlet refers to
any sized portion of the content file 200. Each streamlet 303 may comprise a portion of
the content contained in stream 302, encapsulated as an independent media object. The
content in a streamlet 303 may have a unique time index in relation to the beginning of
the content contained in stream 302. In one embodiment, the content contained in each
streamlet 303 may have a duration of two seconds. For example, streamiet 0 may have a
time index of 00:00 representing the beginning of content playback, and streamlet 1 may
have a time index of 00:02, and so on. Alternatively, the time duration of the streamlets
304 may be any duration smaller than the entire playback duration of the content in
stream 302. In a further embodiment, the streamlets 303 may be divided according to file
size instead of a time index and duration.

[0052] Figure 3b is a schematic block diagram illustrating one embodiment of sets 306 of
streamlets in accordance with the present invention. As used herein. the term “set” refers
to a group of streamlets having identical time indices and durations but varying bitrates.
In the depicted embodiment, the set 306a encompasses all streamlets having a time index
of 00:00. The set 306a includes encoded streamlets 304 having low, medium, and high
204, 206, 208 bitrates. Of course each set 306 may include more than the depicted three
bitrates which are given by way of example only. One skilled in the art will recognize
that any number of streams having different bitrates may be generated from the original
content 200.

[0053] As described above, the duration of one streamlet 304 may be approximately two
seconds. Likewise each set 300 may comprise a plurality of streamlets 304 where each
streamlet 304 has a playable duration of two seconds. Alternatively, the duration of the
streamlet 304 may be predetermined or dynamically variable depending upon a variety of
factors including, but not limited to, network congestion, system specifications, playback

resolution and quality, etc. In the depicted embodiment, the content 200 may be formed
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of the plurality of sets 306. The number of sets 306 may depend on the length of the
content 200 and the length or duration of each streamlet 304,

[0054] Figure 4 is a schematic block diagram illustrating in greater detail one
embodiment of the content module 112 in accordance with the present invention. The
content module 112 may comprise a capture module 402, a streamlet module 404, an
encoder module 406, a streamlet database 408, and the web server 116, In one
embodiment, the capture module 402 is configured to receive the content file 200 from
the publisher 110. The capture module 402 may be configured to “decompress” the
content file 200. For example, if the content file 200 arrives having been encoded with
one of the above described encoding schemes, the capture module 402 may convert the
content file 200 into raw audio and/or video. Alternatively, the content file 200 may be
transmitted by the publisher in a format 110 that does not require decompression.

[0035] The capture module 402 may comprise a capture card configured for TV and/or
video capture. One example of a capture card suitable for use in the present invention is
the DRC-2500 by Digital Rapids of Ontario, Canada. Alternatively, any capture card
capable of capturing audio and video may be utilized with the present invention. Ina
further embodiment, the capture module 402 is configured to pass the content file to the
streamlet module 404.

[0056] The streamlet module 404, in one embodiment, is configured to segment the
content file 200 and generate source streamlets 303 that are not encoded. As used herein,
the term “segment” refers to an operation to generate a streamlet of the content file 200
having a duration or size equal to or less than the duration or size of the content file 200.
The streamlet module 404 may be configured to segment the content file 200 into
streamlets 303 each having an equal duration. Alternatively, the streamlet module 404
may be configured to segment the content file 200 into streamlets 303 having equal file
sizes.

[0057] The encoding module 406 is configured to receive the source streamiets 303 and
generate the plurality of streams 202 of varying qualities. The original content file 200
from the publisher may be digital in form and may comprise content having a high bit
rate such as, for example, 2mbps. The content may be transferred from the publisher 110

to the content module 112 over the Internet 106. Such transfers of data are well known in
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the art and do not require further discussion herein. Alternatively, the content may
comprise a captured broadcast.

[0058] In a further embodiment, the encoding module 406 is configured to generate a
plurality of sets 306 of streamlets 304. The sets 306, as described above with reference to
Figure 3b, may comprise streamlets having an identical time index and duration, and a
unique bitrate. As with Figure 3b, the sets 306 and subsequently the plurality of streams
202 may comprise the low quality stream 204, the medium quality stream 206, and the
high quality stream 208. Alternatively, the plurality of streams 202 may comprise any
number of streams deemed necessary to accommodate end user bandwidth.

[0059] The encoder module 406 is further configured to encode each source streamlet
303 into the plurality of streams 202 and streamlet sets 306 and store the streamlets in the
streamlet database 408. The encoding module 406 may utilize encoding schemes such as
DivX®, Windows Media Video 9®, Quicktime 6.5 Sorenson 3®, or Quicktime 6.5/
MPEG-4®. Alternatively, a custom encoding scheme may be employed.

[0060] The content module 112 may also include a metadata module 412 and a metadata
database 414. In one embodiment, metadata comprises static searchable content
information. For example, metadata includes, but is not limited to, air date of the content,
title, actresses, actors, length, and episode name. Metadata is generated by the publisher
110, and may be configured to define an end user environment. In one embodiment, the
publisher 100 may define an end user navigational environment for the content including
menus, thumbnails, sidebars, advertising, etc. Additionally, the publisher 110 may define
functions such as fast forward, rewind, pause, and play that may be used with the content
file 200. The metadata module 412 is configured to receive the metadata from the
publisher 110 and store the metadata in the metadata database 414. In a further
embodiment, the metadata module 412 is configured to interface with the client module
114, allowing the client module 114 to search for content based upon at least one of a
plurality of metadata criteria. Additionally. metadata may be generated by the content
module 112 through automated process{es) or manual definition,.

[0061] Once the streamlets 304 have been received and processed, the client module 114
may request streamlets 304 using HTTP from the web server 116. Using a standard

protocol such as HTTP eliminates the need for network administrators to configure
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firewalls to recognize and pass through network traftic for a new, specialized protocol.
Additionally, since the client module 114 initiates the request, the web server 116 is only
required to retrieve and serve the requested streamlet 304. In a further embodiment, the
client module 114 may be configured to retrieve streamlets 304 from a plurality of web
servers 116.

[0062] Each web server 116 may be located in various locations across the Internet 106.
The streamlets 304 may essentially be static files. As such, no specialized media server
or server-side intelligence is required for a client module 114 to retrieve streamlets 304.
Streamlets 304 may be served by the web server 116 or cached by cache servers of
Internet Service Providers (ISPs), or any other network infrastructure operators, and
served by the cache server. Use of cache servers is well known to those skilled in the art,
and will not be discussed further herein. Thus, a highly scalable solution is provided that
is not hindered by massive amounts of client module 114 requests to the web server 116
at any specific location, especially the web server 116 most closely associated with or
within the content module 112

[0063] Figure 5a is a schematic block diagram illustrating one embodiment of an encoder
module 406 in accordance with the present invention. In one embodiment, the encoder
module 406 may include a master module 502 and a plurality of host computing modules
{hereinafter “host™) 504. The hosts 504 may comprise personal computers, servers, etc.
In a further embodiment, the hosts 504 may be dedicated hardware, for example, cards
plugged into a single computer.

{0064] The master module (hereinafter “master”) 502 is configured to receive streamlets
303 from the streamlet module 404 and stage the streamlet 303 for processing. In one
embodiment, the master 502 may decompress each source streamlet 303 to produce a raw
streamlet. As used herein, the term “raw streamlet” refers to a streamlet 303 that is
uncompressed or lightly compressed to substantially reduce size with no significant loss
in quality. A lightly compressed raw streamlet can be transmitted more quickly and to
more hosts. Each host 504 1s coupled with the master 502 and configured to receive a
raw streamlet from the master 502 for encoding. The hosts 504, in one example, generate
a plurality of streamlets 304 having identical time indices and durations, and varying

bitrates. Essentially each host 504 may be configured to generate a set 306 from the raw
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streamlet 503 sent from the master 502. Alternatively, each host 504 may be dedicated to
producing a single bitrate in order to reduce the time required for encoding.

[0063] Upon encoding completion, the host 504 returns the set 306 to the master 502 so
that the encoding module 406 may store the set 306 in the streamlet database 408. The
master 502 is further configured to assign encoding jobs to the hosts 504. Each host is
configured to submit an encoding job completion bid (hereinafter “bid’”). The master 502
assigns encoding jobs depending on the bids from the hosts 504, Each host 504 generates
a bid depending upon a plurality of computing variables which may include, but are not
limited to, current encoding job completion percentage, average job completion time,
processor speed and physical memory capacity.

[0066] For example, a host 504 may submit a bid that indicates that based on past
performance history the host 504 would be able to complete the encoding job in 15
seconds. The master 502 is configured to select from among a plurality of bids the best
bid and subsequently submit the encoding job to the host 504 with the best bid. As such,
the described encoding system does not require that each host 504 have identical
hardware but beneficially takes advantage of the available computing power of the hosts
504. Alternatively, the master 502 selects the host 504 based on a first come first serve
basis, or some other algorithm deemed suitable for a particular encoding job.

[0067] The time required to encode one streamiet 304 is dependent upon the computing
power of the host 504, and the encoding requirements of the content file 200. Examples
of encoding requirements may include, but are not limited to, two or multi-pass encoding,
and multiple streams of different bitrates. One benefit of the present invention is the
ability to perform two-pass encoding on a live content file 200. Typically. in order to
perform two-pass encoding prior art systems must wait for the content file to be
completed before encoding.

[0068] The present invention, however, segments the content file 200 into source
streanlets 303 and the two-pass encoding to a plurality of streams 202 may be performed
on ecach corresponding raw streamlet without waiting for a TV show to end, for example.
As such, the content module 112 is capable of streaming the streamlets over the Internet

shortly after the content module 112 begins capture of the content file 200. The delay
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between a live broadcast transmitted from the publisher 110 and the availability of the
content depends on the computing power of the hosts 504,

[0069] Figure 5b is a schematic block diagram illustrating one embodiment of parallel
encoding of streamlets in accordance with the present invention. In one example, the
capture module 402 (of Figure 4) begins to capture the content file and the streamlet
module 404 generates a first streamlet 303a and passes the streamlet to the encoding
module 406. The encoding module 406 may take 10 seconds, for example, to generate
the first set 306a of streamlets 304a (304al. 304a2, 30443, etc. represent streamlets 304
of different bitrates). Figure Sb illustrates the encoding process generically as block 502
to graphically illustrate the time duration required to process a raw or lightly encoded
streamlet 303 as described above with reference to the encoding module 406. The
encoding module 406 may simultaneously process more than one streamlet 303, and
processing of streamlets will begin upon arrival of the streamlet from the capture module
402.

[0070] During the 10 seconds required to encode the first streamlet 303a, the streamlet
module 404 has generated five additional 2-second streamlets 303b, 303¢, 303d, 303e,
303f, for encoding and the master 502 has prepared and staged the corresponding raw
streamlets. Two seconds after the first set 306a is available the next set 306b is available,
and so on. As such, the content file 200 is encoded for streaming over the Internet and
appears live, The 10 second delay is given herein by way of example only. Multiple
hosts 504 may be added to the encoding module 406 in order to increase the processing
capacity of the encoding module 406. The delay may be shortened to an almost
unperceivable level by the addition of high CPU powered systems, or alternatively
multiple low powered systems.

[0071] A system as described above beneficially enables multi-pass encoding of live
events. Multi-pass encoding systems of the prior art require that the entire content be
captured (or be complete} because in order to perform multi-pass encoding the entire
content must be scanned and processed more than once, This is impossible with prior art
systems because content from a live event is not complete until the event is over. As
such, with prior art systems, multi-pass encoding can only be performed once the event is

over. Streamlets, however, may be encoded as many times as is deemed necessary.

8532P002C 17

fuboTV Media Inc.

Exhibit 1002
Page 032



Because the streamlet is an encapsulated media object of 2 seconds (for example}, multi-
pass encoding may begin on a live event once the first streamlet is captured. Shortly after
multi-pass encoding of the first streamlet 303a is finished, multi-pass encoding of the
second streamiet 303b finishes, and as such multi-pass encoding is performed on a live
event and appears live to a viewer.

[0072] Any specific encoding scheme applied to a streamlet may take longer to complete
than the time duration of the streamlet itself, for example, a very high quality encoding of
a 2-second streamlet may take S seconds to finish. Alternatively, the processing time
required for each streamlet may be less than the time duration of a streamlet. However,
because the offset parallel encoding of successive streamlets are encoded by the encoding
module at regular intervals (matching the intervals at which the those streamlets are
submitted to the encoding module 406, for example 2 seconds) the output timing of the
encoding module 406 does not fall behind the real-time submission rate of the unencoded
streamlets. Conversely, prior art encoding systems rely on the very fastest computing
hardware and software because the systems must generate the output immediately in
lock-step with the input. A prior art system that takes 2.1 seconds to encode 2 seconds
worth of content is considered a failure. The present invention allows for slower than
real-time encoding processes yet still achieves a real-time encoding effect due to the
parallel offset pipes.

{0073] The parallel offset pipeline approach described with reference to Figure Sb
beneficially allows for long or short encoding times without “falling behind” the live
event. Additionally, arbitrarily complex encoding of streamlets to multiple profiles and
optimizations only lengthens the encoding time 502 without a perceptible difference to a
user because the sets 306 of streamlets 304 are encoded in a time-selective manner so that
streamlets are processed at regular time intervals and transmitted at these time intervals.
{0074] Returning now to Figure Sa, as depicted, the master 502 and the hosts 504 may be
located within a single local area network, or in other terms, the hosts 504 may be in
close physical proximity to the master 502, Alternatively, the hosts 504 may receive
encoding jobs from the master 502 over the Internet or other communications network.
For example, consider a live sports event in a remote location where it would be difficult

to setup multiple hosts. In this example, a master performs no encoding or alternatively

8532P002C 18

fuboTV Media Inc.

Exhibit 1002
Page 033



light encoding before publishing the streamlets online. The hosts 504 would then retrieve
those streamlets and encode the streamlets into the multiple bitrate sets 306 as described
above.

{0075] Furthermore, hosts 504 may be dynamically added or removed from the encoding
module without restarting the encoding job and/or interrupting the publishing of
streamlets, If a host 504 experiences a crash or some failure. its encoding work is simply
reassigned to another host.

{0076] The encoding module 406, in one embodiment, may also be configured to
produce streamlets that are specific to a particular playback platform. For example, for a
single raw streamlet, a single host 504 may produce streamlets for different quality levels
for personal computer playback, streamlets for plavback on cell phones with a different,
proprietary codec, a small video-only streamlet for use when playing just a thumbnail
view of the stream (like in a programming guide), and a very high quality streamlet for
use in archiving.

[0077] Figure Ga is a schematic block diagrarn illustrating one embodiment of a virtual
timeline 600 in accordance with the present invention. In one embodiment, the virtual
timeline 600 comprises at least one quantum media extension 602. The quantum media
extension Chereinafter “QMX"") 602 describes an entire content file 200. Therefore, the
virtual timeline (hereinafter “VT”) 600 may comprise a file that is configured to define a
playlist for a user to view. For example, the VT may indicate that the publisher desires a
user to watch a first show QMX 602a followed by QMX 602b and QMX 602c. As such,
the publisher may define a broadcast schedule in a manner similar to a television station.
[0078] Figure 6b is a schematic block diagram illustrating an alternative embodiment of a
VT 600 in accordance with the present invention. In the depicted embodiment, the VT
600 may include a single QMX 602 which indicates that the publisher desires the same
content to be looped over and over again. For example, the publisher may wish to
broadcast a never-ending infomercial on a website.

[0079] Figure Oc¢ is a schematic block diagram illustrating one embodiment of a QMX
602 in accordance with the present invention. In one embodiment, the QMX 602
contains a multitude of information generated by the content module 112 configured to

describe the content file 200. Examples of information include, but are not limited to,
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start index 604, end index 606, whether the content is live 608, proprietary publisher data
610, encryption level 612, content duration 614 and bitrate values 616. The bitrate values
616 may include frame size 618, audio channel 620 information, codecs 622 used, sample
rate 624, and frames parser 626.

[0080] A publisher may utilize the QV'T 600 together with the QMX 602 in order to
prescribe a playback order for users, or alternatively selectively edit content, For
example, a publisher may indicate in the QMX 602 that audio should be muted at time
index 10:42 or video should be skipped for 3 seconds at time index 18:35. As such, the
publisher may selectively skip offensive content without the processing requirements of
editing the content.

[0081] Figure 7 is a schematic block diagram graphically illustrating one embodiment of
a client module 114 in accordance with the present invention. The client module 114
may comprise an agent controller module 702, a streamlet cache module 704, and a
network controller module 706. In one embodiment, the agent controller module 702 is
configured to interface with a viewer 708, and transmit streamlets 304 to the viewer 708.
Alternatively, the agent controller module 702 may be configured to simply reassemble
streamlets into a single file for transfer to an external device such as a portable video
player.

[0082] In a further embodiment, the client module 114 may comprise a plurality of agent
controller modules 702, Each agent controller module 702 may be configured to
interface with one viewer 708. Alternatively, the agent controller module 702 may be
configured to interface with a plurality of viewers 708. The viewer 708 may be a media
player (not shown) operating on a PC or handheld electronic device.

[0083] The agent controller module 702 is configured to select a quality level of
streamlets to transmit to the viewer 708. The agent controller module 702 requests lower
or higher quality streams based upon continuous observation of time intervals between
successive receive times of each requested streamlet. The method of requesting higher or
lower quality streams will be discussed in greater detail below with reference to Figure
10.

[0084] The agent controller module 702 may be configured to receive user commands

from the viewer 708. Such commands may include play, fast forward, rewind, pause, and
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stop. In one embodiment, the agent controller module 702 requests streamlets 304 from
the streamlet cache module 704 and arranges the received streamlets 304 in a staging
module 709. The staging module 709 may be configured to arrange the streamiets 304 in
order of ascending playback time. In the depicted embodiment, the streamlets 304 are
numbered 0, 1, 2, 3. 4. etc. However. each streamlet 304 may be identified with a unique
filename.

[0085] Additionally, the agent controller module 702 may be configured to anticipate
streamlet 304 requests and pre-request streamlets 304. By pre-requesting streamlets 304,
the user may fast-forward, skip randomly, or rewind through the content and experience
no buffering delay. In a further embodiment, the agent controller module 702 may
request the streamlets 304 that correspond to time index intervals of 30 seconds within
the total play time of the content. Alternatively, the agent controller module 702 may
request streamlets at any interval less than the length of the time index. This enables a
“fast-start” capability with no buffering wait when starting or fast-forwarding through
content file 200. In a further embodiment, the agent controller module 702 may be
configured to pre-request streamlets 304 corresponding to specified index points within
the content or within other content in anticipation of the end user 104 selecting new
content to view. In one embodiment, the streamlet cache module 704 is configured to
receive streamlet 304 requests from the agent controller module 702. Upon receiving a
request, the streamlet cache module 704 first checks a streamilet cache 710 to verify if the
streamlet 304 is present. In a further embodiment, the streamlet cache module 704
handles streamlet 304 requests from a plurality of agent controller modules 702.
Alternatively, a streamlet cache module 704 may be provided for each agent controller
module 702. If the requested streamlet 304 is not present in the streamlet cache 410, the
request is passed to the network controller module 706. In order to enable fast forward
and rewind capabilities, the streamlet cache module 704 is configured to store the
plurality of streamlets 304 in the streamlet cache 710 for a specified time period after the
streamlet 304 has been viewed. However, once the streamlets 304 have been deleted,
they may be requested again from the web server 116.

[0086] The network controller module 706 may be configured to receive streamlet

requests from the streamlet cache module 704 and open a connection to the web server
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116 or other remote streamlet 304 database (not shown). In one embodiment, the
network controlier module 706 opens a TCP/IP connection to the web server 116 and
generates a standard HTTP GET request for the requested streamlet 304. Upon receiving
the requested streamlet 304. the network controller module 706 passes the streamlet 304
to the streamlet cache module 704 where it is stored in the streamlet cache 710. Ina
further embodiment, the network controller module 706 is configured to process and
request a plurality of streamlets 304 simultaneously. The network controller module 706
may also be configured to request a plurality of streamlets, where each streamlet 304 is
subsequently requested in multiple parts.

[0087] In a further embodiment, streamlet requests may comprise requesting pieces of
any streamlet file. Splitting the streamlet 304 into smaller pieces or portions beneficially
allows for an increased efficiency potential, and also eliminates problems associated with
multiple full-streamlet requests sharing the bandwidth at any given moment. This is
achieved by using parallel TCP/IP connections for pieces of the streamlets 304.
Consequently, efficiency and network loss problems are overcome, and the streamlets
arrive with more useful and predictable timing.

[0088] In one embodiment, the client module 114 is configured to use multiple TCP
connections between the client module 114 and the web server 116 or web cache. The
intervention of a cache may be transparent to the client or configured by the client as a
forward cache. By requesting more than one streamlet 304 at a time in a manner referred
to as “parallel retrieval,” or more than one part of a streamlet 304 at a time, efficiency is
raised significantly and latency is virtually eliminated. In a further embodiment, the
client module allows a maximum of three outstanding streamlet 304 requests. The client
module 114 may maintain additional open TCP connections as spares to be available
should another connection fail. Streamlet 304 requests are rotated among all open
connections to keep the TCP flow logic for any particular connection from falling into a
slow-start or close mode. If the network controller module 706 has requested a streamlet
304 in multiple parts, with each part requested on mutually independent TCP/IP
connections, the network controller module 706 reassembles the parts to present a

complete streamlet 304 for use by all other components of the client module 114.
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[0089] When a TCP connection fails completely, a new request may be sent on a
different connection for the same streamlet 304. In a further embodiment, if a request is
not being satistied in a timely manner, a redundant request may be sent on a different
connection for the same streamlet 304, If the first streamlet request’s response arrives
before the redundant request response, the redundant request can be aborted. If the
redundant request response arrives before the first request response, the first request may
be aborted.

[0090] Several streamlet 304 requests may be sent on a single TCP connection, and the
responses are caused to flow back in matching order along the same connection. This
climinates all but the first request latency. Because multiple responses are always being
transmitted, the processing latency of each new streamlet 304 response after the first is
not a factor in performance. This technique is known in the industry as “pipelining.”
Pipelining offers efficiency in request-response processing by eliminating most of the
effects of request latency. However, pipelining has serious vulnerabilities. Transmission
delays affect all of the responses. If the single TCP connection fails, all of the
outstanding requests and responses are lost. Pipelining causes a serial dependency
between the requests.

[0091] Multiple TCP connections may be opened between the client module 114 and the
web server 116 to achieve the latency-reduction efficiency benefits of pipelining while
maintaining the independence of each streamlet 304 request. Several streamlet 304
requests may be sent concurrently, with each request being sent on a mutually distinct
TCP connection. This technique is labeled “virtual pipelining” and is an innovation of
the present invention. Multiple responses may be in transit concurrently, assuring that
communication bandwidth between the client module 114 and the web server 116 is
always being utilized. Virtual pipelining eliminates the vulunerabilities of traditional
pipelining. A delay in or complete failure of one response does not affect the
transmission of other responses because each response occupies an independent TCP
connection. Any transmission bandwidth not in use by one of multiple responses
{whether due to delays or TCP connection failure) may be utilized by other outstanding

responses.
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[0092] A single streamlet 304 request may be issued for an entire streamlet 304, or
multiple requests may be issued, each for a different part or portion of the streamlet. If
the streamlet is requested in several parts, the parts may be recombined by the client
module 114 streamlet.

[0093] In order to maintain a proper balance between maximized bandwidth utilization
and response time, the issuance of new streamlet requests must be timed such that the
web server 116 does not transmit the response before the client module 114 has fully
received a response to one of the previously outstanding streamlet requests. For example,
if three streamlet 304 requests are outstanding, the client module 114 should issue the
next request slightly before one of the three responses is fully received and “out of the
pipe.” In other words, request timing is adjusted to keep three responses in transit.
Sharing of bandwidth among four responses diminishes the net response time of the other
three responses. The timing adjustment may be calculated dynamically by observation.
and the request timing adjusted accordingly to maintain the proper balance of efficiency
and response times.

[0094] The schematic flow chart diagrams that follow are generally set forth as logical
flow chart diagrams. As such, the depicted order and labeled steps are indicative of one
embodiment of the presented method. Other steps and methods may be conceived that
are equivalent in function, logic, or effect to one or more steps, or portions thereof, of the
illustrated method. Additionally, the format and symbols employed are provided to
explain the logical steps of the method and are understood not to limit the scope of the
method. Although various arrow types and line types may be employed in the flow chart
diagrams, they are understood not to limit the scope of the corresponding method. Indeed,
some arrows or other connectors may be used to indicate only the logical flow of the
method. For instance, an arrow may indicate a waiting or monitoring period of
unspecified duration between enumerated steps of the depicted method. Additionally, the
order in which a particular method occurs may or may not strictly adhere to the order of
the corresponding steps shown.

[0095] Figure 8 is a schematic flow chart diagram illustrating one embodiment of a
method 800 for processing content in accordance with the present invention. In one

embodiment the method 800 starts 802, and the content module 112 receives 804 content
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from the publisher 110. Receiving content 804 may comprise receiving 804 a digital
copy of the content file 200, or digitizing a physical copy of the content file 200.
Alternatively, receiving 804 content may comprise capturing a radio, television, cable, or
satellite broadcast. Once received 804, the streamlet module 404 generates 808 a
plurality of source streamlets 303 each having a fixed duration. Alternatively, the
streamlets 303 may be generated with a fixed file size.

[0096] In one embodiment, generating 808 streamlets comprises dividing the content file
200 into a plurality of two second streamlets 303. Alternatively, the streamlets may have
any length less than or equal to the length of the stream 202. The encoder module 406
then encodes 810 the streamlets 303 into sets 306 of streamlets 304, in a plurality of
streams 202 according to an encoding scheme. The quality may be predefined, or
automatically set according to end user bandwidth, or in response to pre-designated
publisher guidelines

{0097] In a further embodiment, the encoding scheme comprises a proprietary codec such
as WMVO®. The encoder module 406 then stores 812 the encoded streamlets 304 in the
streamlet database 408. Once stored 812, the web server 116 may then serve 8§14 the
streamlets 304. In one embodiment, serving 8§14 the streamlets 304 comprises receiving
streamlet requests from the client module 114, retrieving the requested streamlet 304
from the streamlet database 408, and subsequently transimitting the streamlet 304 to the
client module 114. The method 800 then ends §16.

[0098] Figure 9 is a schematic flow chart diagram illustrating one embodiment of a
method 900 for viewing a plurality of streamlets in accordance with the present invention.
The method 900 starts and an agent controller module 702 is provided 904 and associated
with a viewer 708 and provided with a staging module 709. The agent controller module
702 then requests 906 a streamlet 304 from the streamlet cache module 704,
Alternatively, the agent controller module 702 may simultaneously request 906 a
plurality of streamlets 304 the streamlet cache module 704. If the streamlet is stored 908
locally in the streamlet cache 710, the streamiet cache module 704 retrieves 910 the
streamliet 304 and sends the streamlet to the agent controller module 702. Upon

retrieving 910 or receiving a streamlet, the agent controller module 702 makes 911 a
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determination of whether or not to shift to a higher or lower quality stream 202. This
determination will be described below in greater detail with reference to Figure 10.
[0099] In one embodiment, the staging module 709 then arranges 912 the streamlets 304
into the proper order, and the agent controller module 702 delivers 914 the streamlets to
the viewer 708. In a further embodiment, delivering 914 streamlets 304 to the end user
comprises playing video and or audio streamlets on the viewer 708, If the streamlets 304
are not stored 908 locally, the streamlet request is passed to the network controller
module 706. The network controller module 706 then requests 916 the streamlet 304
from the web server 116. Once the streamlet 304 is received, the network controller
module 706 passes the streamlet to the streamlet cache module 704. The streamlet cache
module 704 archives 918 the streamlet. Alternatively, the streamlet cache module 704
then archives 918 the streamlet and passes the streamlet to the agent controller module
702, and the method 900 then continues from operation 910 as described above.

{0100] Referring now to Figure 10, shown therein is a schematic flow chart diagram
illustrating one embodiment of a method 1000 for requesting streamlets 304 within an
adaptive-rate shifting content streaming environment in accordance with the present
invention. The method 1000 may be used in one embodiment as the operation 911 of
Figure 9. The method 1000 starts and the agent controller module 702 receives 1004 a
streamlet 304 as described above with reference to Figure 9. The agent controller module
702 then monitors 1006 the receive time of the requested streamlet. In one embodiment,
the agent controller module 702 monitors the time intervals A between successive receive
times for each streamlet response. Ordering of the responses in relation to the order of
their corresponding requests is not relevant.

[0101] Because network behavioral characteristics fluctuate, sometimes quite suddenly,
any given A may vary substantially from another. In order to compensate for this
fluctuation, the agent controller module 702 calculates 1008 a performance ratio » across
a window of n samples for streamlets of playback length §. In one embodiment, the
performance ratio r is calculated using the equation:

n

8§
ey
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¥y o=
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[0102] Due to multiple simultaneous streamlet processing, and in order to better judge
the central tendency of the performance ratio », the agent controller module 702 may
calculate a geometric mean, or alternatively an equivalent averaging algorithm, across a

window of size m, and obtain a performance factor @:

in m

¢Cuh"(*m‘~ I l’}

J=
[0103] The policy determination about whether or not to upshift 1010 playback quality

begins by comparing ¢ with a trigger threshold @, . If ¢ 2@, .then anup

cierrent cwrrent T

shift to the next higher quality stream may be considered 1016. In one embodiment, the

trigger threshold @  is determined by a combination of factors relating to the current

read ahead margin (i.e. the amount of contiguously available streamlets that have been
sequentially arranged by the staging module 709 for presentation at the current playback
time index), and a minimum safety margin. In one embodiment, the minimum safety

margin may be 24 seconds. The smaller the read ahead margin, the larger ®  is to

discourage upshifting until a larger read ahead margin may be established to withstand
network disruptions. If the agent controller module 702 is able to sustain 1016 upshift
quality, then the ageunt controlier module 702 will upshift 1017 the quality and
subsequently request higher quality streams. The determination of whether use of the
higher quality stream is sustainable 1016 is made by comparing an estimate of the higher
quality stream’s performance factor, ¢, . . with ©,,. If ¢,.,., 20O  then use of the

higher quality stream is considered sustainable. If the decision of whether or not the
higher stream rate is sustainable 1016 is “no,” the agent controlier module 702 will not
attempt to upshift 1017 stream quality. If the end of the stream has been reached 1014,
the method 1000 ends 1016.

[0164] If the decision on whether or not to attempt upshift 1010 is “no”, a decision about

whether or not to downshift 1012 is made. In one embodiment, a trigger threshold @

down

is defined in a manner analogousto ®,, . If ¢ »@_  then the stream quality may be

up "

adequate, and the agent controller module 702 does not downshift 1018 stream quality.
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However,if ¢ . <@, . the agent controller module 702 does downshift 1018 the

Tenvvte
stream quality. If the end of the stream has not been reached 1014, the agent controller
module 702 begins to request and receive 1004 lower quality streamlets and the method
1000 starts again. Of course, the above described equations and algorithms are
illustrative only, and may be replaced by alternative streamlet monitoring solutions.
[0105] The present invention may be embodied in other specific forms without departing
from its spirit or essential characteristics. The described embodiments are to be
considered in all respects only as illustrative and not restrictive. The scope of the
invention is, therefore, indicated by the appended claims rather than by the foregoing

description. All changes which come within the meaning and range of equivalency of the

claims are to be embraced within their scope.
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CLAIMS

What is claimed is

1. A system for adaptive-rate content streaming of video playable on one or more
end user stations over the Internet, the system comprising:

at least one processor executing non-transitory executable instructions for generating at

least one virtual timeline corresponding to the video;

wherein the video encoded at a plurality of different bitrates creating a plurality of
streams including a low quality stream, a medium quality stream, and a high quality stream, the
low quality stream, the medium quality stream, and the high quality stream each comprising a
group of streamlets encoded at a respective one of the plurality of different bitrates, each group
of streamlets comprising at least first and second streamlets, each of the streamlets corresponding
to a portion of the video;

wherein at least one of the low quality stream, the medium quality stream, and the high
quality stream is encoded at a bitrate of no less than 600 kbps; and

wherein the first streamlet of each of the groups of streamlets has the same first duration
and encodes the same first portion of the video in each of the low quality stream, the medium
quality stream, and the high quality stream, and wherein the first streamlet of the low quality
stream encodes the same first portion of the video at a different bitrate than the first streamlet of

the high quality stream and the first streamlet of the medium quality stream.

2. The system of claim 1, wherein the processor is further for generating a plurality
of virtual timelines wherein each virtual timeline corresponds to each of t the low quality stream,

the medium quality stream, and the high quality stream.

3. The system of claim 1, wherein the video is a live event video.
4. The system of claim 1, wherein the video includes archived content.
29
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5. The system of claim 1, wherein the second streamlet of each of the groups of
streamlets each has the same second duration and corresponds to the same second portion of the
video in the low quality stream, the medium quality stream, and the high quality stream, the
second streamlet of the low quality stream having the same bitrate as the first streamlet of the

low quality stream.

6. The system of claim 5, wherein the first and second durations are different.

7. The system of claim 1, further comprising: a

plurality of web servers located at different locations across the internet, each web server
configured to: receive at least one streamlet request over one or more internet connections from
the one or more end user stations to retrieve the first streamlet storing a portion of the video,
wherein the at least one streamlet request from the one or more end user stations includes a
request for a currently selected first streamlet from one of the low quality stream, the medium
quality stream, and the high quality stream based upon a determination by the end user station to
select a higher or lower bitrate version of the streams; retrieve from the storage device the
requested first streamlet from the currently selected one of the low quality stream, the medium
quality stream, and the high quality stream; and send the retrieved first streamlet from the
currently selected one of the different copies to the requesting one of the end user stations over

the one or more network connections.

8. The system of claim 1, further comprising;:

a first web server configured to:

receive at least one virtual timeline request over the one or more internet connections
from the one or more end user stations to retrieve a virtual timeline; and send the virtual timeline

to the requesting one of the end user stations over the one or more network connections.

9. The system of claim 8, wherein the first web server is further configured to:
receive at least one streamlet request over one or more internet connections from the one

or more end user stations to retrieve the first streamlet storing the first portion of the video,
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wherein the at least one streamlet request from the one or more end user stations includes
a request for a currently selected first streamlet from one of the low quality stream, the medium
quality stream, and the high quality stream based upon a determination by the end user station to
select a higher or lower bitrate version of the video; retrieve from the storage device the
requested first streamlet from the currently selected one of the low quality stream, the medium
quality stream, and the high quality stream; and send the retrieved first streamlet from the
currently selected one of the low quality stream, the medium quality stream, and the high quality

stream to the requesting one of the end user stations over the one or more network connections.

10.  The system of claim 1, wherein the at least one virtual timeline corresponds to the
currently selected one of the low quality stream, the medium quality stream, and the high quality

stream.

11. The system of claim 1, wherein the virtual timeline defines a playlist for a user to

view.

12.  The system of claim 1, wherein the virtual timeline comprises a file that is

configured to define a playlist for a user to view.

13. The system of claim 12, wherein the virtual timeline comprises at least one

quantum media extension (QMX).

14. An end user station to stream a video over a network from a server for playback of
the video, the content player device comprising:
a processor;
a digital processing apparatus memory device comprising non-transitory machine-
readable instructions that, when executed, cause the processor to:
establish one or more network connections between the end user station and the
server, wherein the server is configured to access at least one of a plurality of groups of

streamlets;
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wherein the video is encoded at a plurality of different bitrates to create a
plurality of streams including at least a low quality stream, a
medium quality stream, and a high quality stream, each of the low
quality stream, the medium quality stream, and the high quality
stream comprising a group of streamlets encoded at the same
respective one of the different bitrates, each group comprising at
least first and second streamlets, each of the streamlets
corresponding to a portion of the video,
wherein at least one of the low quality stream, the medium quality stream,
and the high quality stream is encoded at a bit rate of no less than
600 kbps; and wherein the first streamlets of each of the low
quality stream, the medium quality stream and the high quality
stream each has an equal playback duration and each of the first
streamlets encodes the same portion of the video at a different one
of the different bitrates;
select a specific one of the low quality stream, the medium quality stream, and the
high quality stream based upon a determination by the end user station to select a higher
or lower bitrate version of the streams;
place at least one virtual timeline request for at least one virtual times based on
the selected one of the he low quality stream, the medium quality stream, and the high
quality stream; and

receive the at least one virtual timeline.

15. The end user station of claim 14, wherein the non-transitory machine-
readable instructions that, when executed, further cause the processor to:

place one or more streamlet requests to the server over the one or more network
connections for the first streamlet of the selected stream; receive the requested first
streamlet from the server via the one or more network connections wherein the one or
more streamlet requests are based on the at least one virtual timeline; and

provide the received first streamlet for playback of the video.
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16. The end user station of claim 14, wherein the second streamlet of each of the
groups of streamlets each has the same second duration and corresponds to the same second
portion of the video in the low quality stream, the medium quality stream, and the high quality
stream, the second streamlet of the low quality stream having the same bitrate as the first

streamlet of the low quality stream.
17. The end user station of claim 16, wherein the first and second durations are different.
18. The end user station of claim 18, wherein the virtual timeline corresponds to the
currently selected one of the low quality stream, the medium quality stream, and the high quality

stream.

19. The end user station of claim 18, wherein the virtual timeline defines a playlist for a

user to view.

20. The end user station of claim 14, wherein the video is a live event video.
21. The end user station of claim 14, wherein the video includes archived content.
22. A process executable by one or more servers to stream a video for playback by

one or more end user stations, the process comprising:

storing, by the one or more servers, one or more virtual timelines corresponding to a
plurality of streams including a low quality stream, a medium quality stream, and a high quality
stream, wherein the low quality stream, the medium quality stream, and the high quality stream
each comprise a group of streamlets encoded at a respective one of a plurality of different
bitrates, each group comprising at least first and second streamlets, each of the streamlets
corresponding to a portion of the video;

wherein at least one of the low quality stream, the medium quality stream, and the
high quality stream is encoded at a bitrate of no less than 600 kbps; and wherein the first
streamlet of each of the groups of streamlets has the same first duration and encodes the

same first portion of the video in the low quality stream, the medium quality stream, and
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the high quality stream, the first streamlet of the low quality stream having a different one
of the different bitrates than the first streamlet of the high quality stream and the first
streamlet of the medium quality stream,;
receiving at least one virtual timeline request over one or more internet connections from
the one or more end user stations to retrieve a virtual timeline correspond to the first streamlet
storing the first portion of the video,
wherein the at least one streamlet request from the one or more end user stations
includes a request for a currently selected first streamlet from one of the low quality
stream, the medium quality stream, and the high quality stream based upon a
determination by the end user station to select a higher or lower bitrate version of the
video;.
retrieving from the storage device the requested virtual timeline for the currently selected
one of the low quality stream, the medium quality stream, and the high quality stream; and
sending the retrieved virtual timeline to the requesting one of the end user stations

over the one or more network connections.

23. The process of claim 22, further comprising:

storing, by the one or more servers, a plurality of streams including a low quality stream,
a medium quality stream, and a high quality stream; and

receiving at least one streamlet request over one or more internet connections from the
one or more end user stations to retrieve the first streamlet storing the first portion of the video,

wherein the at least one streamlet request from the one or more end user stations includes
a request for a currently selected first streamlet from one of the low quality stream, the medium
quality stream, and the high quality stream based upon a determination by the end user station to
select a higher or lower bitrate version of the video

retrieving from the storage device the requested first streamlet from the currently selected
one of the low quality stream, the medium quality stream, and the high quality stream; and

sending the retrieved first streamlet from the currently selected one of the low quality

stream, the medium quality stream, and the high quality stream to the requesting one of

the end user stations over the one or more network connections.
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24, The process of claim 22, wherein the second streamlet of each of the groups of

streamlets each has the same second duration and corresponds to the same second portion of the

video in the low quality stream, the medium quality stream, and the high quality stream, the

second streamlet of the low quality stream having the same bitrate as the first streamlet of the

low quality stream.

25. The process of claim 22, wherein the first and second durations are different.

26.  The process of claim 22, wherein the video is a live event video.

27.  The process of claim 22, wherein the video includes archived content.

28. A process executable by a content player device to stream a video over a network

from a server for playback of the video by the content player device, the process comprising:

server,

establishing one or more network connections between the content player device and the

wherein the server accesses a plurality of streams including a low quality stream,
a medium quality stream, and a high quality stream, wherein the low quality stream, the
medium quality stream, and the high quality stream each comprise a group of streamlets
encoded at a respective one of a plurality of different bitrates, each group comprising at
least first and second streamlets, each of the streamlets corresponding to a portion of the
video; wherein at least one of the low quality stream, the medium quality stream, and the
high quality stream is encoded at a bitrate of no less than 600 kbps; and

wherein the first streamlet of each of the groups of streamlets has the same first
duration and encodes the same first portion of the video in the low quality stream, the
medium quality stream, and the high quality stream, the first streamlet of the low quality
stream having a different bitrate than the first streamlet of the high quality stream and the
first streamlet of the medium quality stream;

selecting, by the content player device, a currently selected one of the low quality stream,

the medium quality stream, and the high quality stream based upon a determination by the end

user station to select a higher or lower bitrate version of the video;
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placing a virtual time request over one or more internet connections from the one or more
end user stations to retrieve at least one virtual timeline corresponding to the currently selected
one of the low quality stream, the medium quality stream, and the high quality stream; and

receiving the requested virtual timeline from the server via the one or more network

connections.

29. The process of claim 30, further comprising:

placing a streamlet request over one or more internet connections from the one or more
end user stations to retrieve the first streamlet storing the first portion of the video, wherein the
streamlet request is based, at least in part, on the received virtual timeline;

receiving the requested streamlet from the server via the one or more network
connections; and rendering, by the content player device, the received streamlet for playback of

the video.
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ABSTRACT OF THE DISCLOSURE

An apparatus for multi-bitrate content streaming includes a receiving module
configured t¢ capture media content, a streamiet module configurad to segment the media
content and generate a plurality of streamiets, and an encoding module configured to
generate a set of sireamlets. The system tnchudes the apparatus, wherein the set of
streamlets comprises a plurality of streamiets having identical time indices and durations,
and each streamiet of the set of streamlets baving a unigue bitrate, and wherein the
encoding madule comprises a master module configured to assign an encoding 1ob to one
of a plurality of host computing modules in response to an encoding job completion bid.
& method includes receiving media content, segmenting the media content and

generating a plurality of streamlets, and generating a set of sireamlets.
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DECILARATION OF JOINT INVENTORS REIATING TO PATENTS AND
APPLICATIONS ENTITLED “APPARATUS, SYSTEM, AND METHOD FOR

MULTI-BITRATE CONTENT STREAMING”

This is a joint declaration and statement made by David F. Brueck, Mark B. Hurst,

and R. Drew Major. We the undersigned each hereby declare and state that, to the

best of our information and belief:

1.

Each of us (David F. Brueck, Mark B. Hurst, and R. Drew Major)
contributed to the inventorship of the following United States Patents and
the following pending application:

US Patents: US Patent Application
US7818444 Serial No. 15/414,025
US8402156
US8612624
US9071668
US9571551

The above-identified patents and applications were made or authorized to
be made by me. Ibelieve that I am the inventor or an original joint
inventor of a claimed invention in each of the applications and patents

referenced above.

Although R. Drew Major was initially omitted as an inventor, I understand
that he is now being added as a joint inventor. I agree to the change of
inventorship and I have no disagreement with regard to the change in
inventorship. To the best of my information and belief, Mr. Major’s earlier

omission was made without deceptive intent.

I hereby declare that all statements made herein of my own knowledge are
true and that all statements on information and belief are believed to be
true; and further that these statements were made with the knowledge that
willful false statements in this declaration are punishable under 18 U.S.C.

1001 by fine or imprisonment of not more than five (5) years, or both, and
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that willful false stalements may jeopardize the validity of the application

or any patent issued thereon.

Respectfully submitted by:

i
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R Y AN _ &g Y ol
3 \‘i R ? £

Bavd F. Bruseck Date

Mark B. Hurst Date
R. Drew Major Date
5

fuboTV Media Inc.
Exhibit 1002
Page 054



1001 by fine or imprisonment of not more than five (5) years, or both, and
that willful false statements may jeopardize the validity of the application

or any patent issued thereon.

Respectfully submitted by:

David F. Brueck Date
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IN THE UNITED STATES PATENT AND TRADEMARK OFFICE

Serial. No.:
Examiner:
Filed:
Title:

TBD Confirmation No.: TBD
TBD Art Unit: TBD
Herewith Customer No.: 70560

APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE
CONTENT STREAMING

Attorney Docket No.: 066.0141x1C10

PRELIMINARY AMENDMENT

Mail Stop AMENDMENT
Commissioner for Patents
P.O. Box 1450

Alexandria, VA 22313-1450

**FILED ELECTRONICALLY USING THE PTO-EFS SYSTEM

Commissioner:

Please amend the above-referenced application prior to examination.

Amendments to the Specification begin on the following page (page 2).

Remarks begin on page 3 of this paper.
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AMENDMENTS TO THE SPECIFICATION

PLEASE AMEND PARAGRAPH o001 OF THE SPECIFICATION AS
FOLLOWS:

[0o001] This application is a continuation of U.S. Patent Application Serial No.

16/004,056 filed on June 8, 2018, which is a continuation of U.S. Patent Application

Serial No. 15/414,025 (now US Patent No. 9,998,516) filed on January 24, 2017, which

is a continuation of U.S. Patent Application No. 14/719,122 filed on May 21, 2015, which

is a continuation of U.S. Patent Application No. 14/106,051 filed on December 13, 2013

(now U.S. Patent No. 9,071.668), which is a continuation of U.S. Patent Application

Serial No. 13/617.114, filed on September 14, 2012 (now US Patent No. 8,612,624),

which is a continuation of U.S. Patent No. 12/906,940 filed on October 18, 2010 (now

US Patent No. 8,402,156), which is a continuation of U.S. Patent Application Number

11/673,483, filed on February 9, 2007 (now US Patent No. 7,818,444), which is a
continuation-in-part of Application No. 11/116,783, filed on April 28, 2005_(now U.S.

Patent No. 8,868,772), which claims the benefit of U.S. Provisional Application No.

60/566,831, filed on April 31, 2004, all of which are incorporated herein by reference.
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REMARKS

This preliminary amendment is being filed at the same time as the attached
application to update the priority information in paragraph ooo1. Please enter the
foregoing amendments prior to substantive examination. No new matter has been
added, and support for all of the claimed features can be found in the originally-filed
application.

This application is being filed as a “Track One” application with a certification
and request for prioritized examination. If any documents or fees that are required to
process this application as a Track One application are not submitted herewith, please
consider this as a petition under Rule 181 (or any other appropriate rule)

Jor appropriate relief, and as authorization to charge Deposit Account No.
50-2091 for any fees that may be due, including any fees to process the Track One
application and any associated petitions or other documents.

Should the Examiner have any suggestions that would advance
prosecution at any time during prosecution, we would welcome a
telephone call to (480) 385-5069 or an email to bearlson@lkglobal.com.
Recognizing that Internet communications are not secure, we hereby authorize the
USPTO to communicate with the undersigned and practitioners in accordance with 37
CFR 1.33 and 37 CFR 1.34 concerning any subject matter of this application via video
conferencing, instant messaging, or electronic mail. We understand that a copy of
these communications will be made of record in the application file. (MPEP 502.03).
Without limiting the foregoing, we further authorize the use of email for informal
correspondence, including the exchange of proposed amendments or other draft

documents.
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If any additional documents or fees are required to consider this submittal or to
otherwise prevent abandonment of this application, please consider this as a petition
and request for any needed relief and as authorization to charge Deposit Account No.

50-2091 for any fees that may be due.

Respectfully submitted,
LORENZ & KOPF, L1.C

Dated:_May 18, 2020 By:__/Brett A. Carlson /
Brett A. Carlson
Reg. No. 39,928

bearison@ikalobai.cont
480-385-5069

LORENZ & KOPF, LLC (formerly Ingrassia, Fisher & Lorenz, PC)
Customer No. 70560
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Boe Code: PA..
PN S, PTO/AIAB2A (07-12)
Document Description: Power of Attomey Approva for use through $1730/2014, OMB 0651-0035
U.8. Patent and Trademark Offica; U.8. DEPARTMENT OF COMMERCE
Under the Paperwork Reduction Act of 1985, no persons ars raguired to respond 3 & collastion of information uniass i displays a valid OMB control number,

TRANSMITTAL FOR POWER OF ATTORNEY TO ONE OR MORE
REGISTERED PRACTITIONERS

TE: This form is to be submitted with the Power of Attorney by Applicant form (PTO/AINE2B or equivalent} fo identify the
application to which the Power of Altomey is directed, in accordance with 37 CFR 1.8. If the Power of Attorney by Applicant form
is not accompaniad by this transmittal form or an equivalent, the Power of Attorney will not be recognized in the application.

Application Number Unassigned

Filing Date Unassigned

First Named Inventor DAVID F. BRUECK

Title APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING
Art Unit Unassigned

Examiner Name

Attorney Docket Number 066.0141X1C10

SIGNATURE of Applicant or Patent Practifioner
Signature /BRETT A. CARLSON/ Date 2020-05-18

Name Brett A. Carlson Tetephone | 480.385.5060

39,928

Registration Number

NOTE: This form must be signed in accordance with 37 CFR 1.33. Sse 37 CFR 1.4{d) for signaturs requirements and cerlifications.

*Total of | forms are submitted.
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by the USPT( o process) sn application. Confidentislity is govemed by 35 U.8.C. 122 and 37 CFR 1.11 and 1.14. This collection is estimated to take 3 minules
ta complets, including gathering, preparing, and submitling the completed application form o the USPTO. Time will vary depending upon the individual case. Any
comments on the amount of time you require to complete this form and/or suggsstions for reducing this burdan, should be sent to the Chief Information Officer,
U.5. Patant and Trademark Office, U.S, Depariment of Commerce, P.O. Box 1480, Alexandda, VA 22313-1450. DO NOT SEND FEES OR COMPLETED
FORMS TO THIS ADDRESS. SEND TQ: Commissioner for Patents, P.0. Box 1480, Alexandris, VA 223131480
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Doc Code: TRACK1.REQ
Document Description: TrackOne Request

PTO/SB/424 (12-11)

CERTIFICATION AND REQUEST FOR PRIORITIZED EXAMINATION
UNDER 37 CFR 1.102(e) (Page 1 of 1)

::ni:/setnl;l;r:ned DAV|D F BRU ECK Er?yve;(;:visional Application Number (if Herewith
o APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

APPLICANT HEREBY CERTIFIES THE FOLLOWING AND REQUESTS PRIORITIZED EXAMINATION FOR
THE ABOVE-IDENTIFIED APPLICATION.

1. The processing fee set forth in 37 CFR 1.17(i), the prioritized examination fee set forth in 37
CFR 1.17(c), and if not already paid, the publication fee set forth in 37 CFR 1.18(d) have been
filed with the request. The basic filing fee, search fee, examination fee, and any required
excess claims and application size fees are filed with the request or have been already been
paid.

2. The application contains or is amended to contain no more than four independent claims and
no more than thirty total claims, and no multiple dependent claims.

3. The applicable box is checked below:

. i Original Application (Track One) - Prioritized Examination under § 1.102(e)(1)

i. (a) The application is an original nonprovisional utility application filed under 35 U.S.C. 111(a).
This certification and request is being filed with the utility application via EFS-Web.
—OR---
(b) The application is an original nonprovisional plant application filed under 35 U.S.C. 111(a).
This certification and request is being filed with the plant application in paper.

ii. An executed oath or declaration under 37 CFR 1.63 is filed with the application.

. £ Requestfor Continued Examination - Prioritized Examination under § 1.102(e)(2)

i. A request for continued examination has been filed with, or prior to, this form.

ii. Ifthe application is a utility application, this certification and request is being filed via EFS-Web.

iii. The application is an original nonprovisional utility application filed under 35 U.S.C. 111(a), or is
a national stage entry under 35 U.S.C. 371.

iv. This certification and request is being filed prior to the mailing of a first Office action responsive
to the request for continued examination.

v. No prior request for continued examination has been granted prioritized examination status
under 37 CFR 1.102(e)(2).

/BRETT A. CARLSON/ e 2020-05-18

Signature

heme ooy BIEIL AL Carlson Practitioner 39,928

Registration Number

Note: Signatures of all the inventors or assignees of record of the entire interest or their representative(s) are required in accordance with
37 CFR 1.33 and 11.18. Please see 37 CFR 1.4(d} for the form of the signature. If necessary, submit multiple forms for more than one
signature, see below™.

forms are submitted.

*Total of 1
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Privacy Act Statement

The Privacy Act of 1974 (P.L. 93-579) requires that you be given certain information in connection with your
submission of the attached form related to a patent application or patent. Accordingly, pursuant to the requirements of
the Act, please be advised that: (1) the general authority for the collection of this information is 35 U.S.C. 2(b)(2); (2)
furnishing of the information solicited is voluntary; and (3) the principal purpose for which the information is used by the
U.S. Patent and Trademark Office is to process and/or examine your submission related to a patent application or
patent. If you do not furnish the requested information, the U.S. Patent and Trademark Office may not be able to
process and/or examine your submission, which may result in termination of proceedings or abandonment of the
application or expiration of the patent.

The information provided by you in this form will be subject to the following routine uses:

1. The information on this form will be treated confidentially to the extent allowed under the Freedom of
Information Act (5 U.S.C. 552) and the Privacy Act (5 U.S.C 552a). Records from this system of records may
be disclosed to the Department of Justice to determine whether disclosure of these records is required by the
Freedom of Information Act.

2. Arrecord from this system of records may be disclosed, as a routine use, in the course of presenting evidence
to a court, magistrate, or administrative tribunal, including disclosures to opposing counsel in the course of
settlement negotiations.

3. Arecord in this system of records may be disclosed, as a routine use, to a Member of Congress submitting a
request involving an individual, to whom the record pertains, when the individual has requested assistance from
the Member with respect to the subject matter of the record.

4. Arecord in this system of records may be disclosed, as a routine use, to a contractor of the Agency having
need for the information in order to perform a contract. Recipients of information shall be required to comply
with the requirements of the Privacy Act of 1974, as amended, pursuant to 5 U.S.C. 552a(m).

5. Arecord related to an International Application filed under the Patent Cooperation Treaty in this system of
records may be disclosed, as a routine use, to the International Bureau of the World Intellectual Property
Organization, pursuant to the Patent Cooperation Treaty.

6. Arecord in this system of records may be disclosed, as a routine use, to another federal agency for purposes
of National Security review (35 U.S.C. 181) and for review pursuant to the Atomic Energy Act (42 U.S.C.
218(c)).

7. Arecord from this system of records may be disclosed, as a routine use, to the Administrator, General
Services, or his/her designee, during an inspection of records conducted by GSA as part of that agency’s
responsibility to recommend improvements in records management practices and programs, under authority of
44 U.S.C. 2904 and 2906. Such disclosure shall be made in accordance with the GSA regulations governing
inspection of records for this purpose, and any other relevant (i.e., GSA or Commerce) directive. Such
disclosure shall not be used to make determinations about individuals.

8. Arrecord from this system of records may be disclosed, as a routine use, to the public after either publication of
the application pursuant to 35 U.S.C. 122(b) or issuance of a patent pursuant to 35 U.S.C. 151. Further, a
record may be disclosed, subject to the limitations of 37 CFR 1.14, as a routine use, to the public if the record
was filed in an application which became abandoned or in which the proceedings were terminated and which
application is referenced by either a published application, an application open to public inspection or an issued
patent.

9. Arrecord from this system of records may be disclosed, as a routine use, to a Federal, State, or local law
enforcement agency, if the USPTO becomes aware of a violation or potential violation of law or regulation.
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UNITED STATES PATENT AND TRADEMARK OFFICE

UNTTED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

PQ. Box 1450

Alexandria, Virginia 22313-1450

WWW.uSpto.gov’

APPLICATION FILING or GRP ART
NUMBER I 371(c) DATE UNIT I FIL FEE REC'D I ATTY.DOCKET.NO ITOT CLAIMSI IND CLAIMSl
16/876,604 05/18/2020 2447 3080 066.0141X1C10 29
CONFIRMATION NO. 6495
70560 FILING RECEIPT
LKGLOBAL (Dish Technologies L.L.C.
7010 £ COGHISE ROAD ~ ) AR ANOR SRR U ST AR ANV

SCOTTSDALE, AZ 85253
Date Mailed: 05/27/2020

Receipt is acknowledged of this non-provisional utility patent application. The application will be taken up for
examination in due course. Applicant will be notified as to the results of the examination. Any correspondence
concerning the application must include the following identification information: the U.S. APPLICATION NUMBER,
FILING DATE, NAME OF FIRST INVENTOR, and TITLE OF INVENTION. Fees transmitted by check or draft are
subject to collection.

Please verify the accuracy of the data presented on this receipt. If an error is noted on this Filing Receipt, please
submit a written request for a corrected Filing Receipt, including a properly marked-up ADS showing the changes
with strike-through for deletions and underlining for additions. If you received a "Notice to File Missing Parts" or
other Notice requiring a response for this application, please submit any request for correction to this Filing Receipt
with your reply to the Notice. When the USPTO processes the reply to the Notice, the USPTO will generate another
Filing Receipt incorporating the requested corrections provided that the request is grantable.

Inventor(s)
DAVID F. BRUECK, SARATOGA SPRINGS, UT;
MARK B. HURST, CEDAR HILLS, UT;
R. DREW MAJOR, OREM, UT;
Applicant(s)
DISH Technologies L.L.C., Englewood, CO
Assignment For Published Patent Application
DISH Technologies L.L.C., Englewood, CO

Power of Attorney: The patent practitioners associated with Customer Number 70560

Domestic Priority data as claimed by applicant
This application is a CON of 16/004,056 06/08/2018 PAT 10659513
which is a CON of 15/414,025 01/24/2017 PAT 9998516
which is a CON of 14/719,122 05/21/2015 PAT 9571551
which is a CON of 14/106,051 12/13/2013 PAT 9071668
which is a CON of 13/617,114 09/14/2012 PAT 8612624
which is a CON of 12/906,940 10/18/2010 PAT 8402156
which is a CON of 11/673,483 02/09/2007 PAT 7818444
which is a CIP of 11/116,783 04/28/2005 PAT 8868772
which claims benefit of 60/566,831 04/30/2004

Foreign Applications for which priority is claimed (You may be eligible to benefit from the Patent Prosecution
Highway program at the USPTO. Please see http://www.uspto.gov for more information.) - None.
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Foreign application information must be provided in an Application Data Sheet in order to constitute a claim to
foreign priority. See 37 CFR 1.55 and 1.76.

Permission to Access Application via Priority Document Exchange: Yes
Permission to Access Search Results: Yes

Applicant may provide or rescind an authorization for access using Form PTO/SB/39 or Form PTO/SB/69 as
appropriate.

If Required, Foreign Filing License Granted: 05/26/2020

The country code and number of your priority application, to be used for filing abroad under the Paris Convention,
is US 16/876,604

Projected Publication Date: 09/03/2020
Non-Publication Request: No

Early Publication Request: No
Title

APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING
Preliminary Class

709
Statement under 37 CFR 1.55 or 1.78 for AlA (First Inventor to File) Transition Applications: No

PROTECTING YOUR INVENTION OUTSIDE THE UNITED STATES

Since the rights granted by a U.S. patent extend only throughout the territory of the United States and have no
effect in a foreign country, an inventor who wishes patent protection in another country must apply for a patent
in a specific country or in regional patent offices. Applicants may wish to consider the filing of an international
application under the Patent Cooperation Treaty (PCT). An international (PCT) application generally has the same
effect as a regular national patent application in each PCT-member country. The PCT process simplifies the filing
of patent applications on the same invention in member countries, but does not result in a grant of "an international
patent” and does not eliminate the need of applicants to file additional documents and fees in countries where patent
protection is desired.

Almost every country has its own patent law, and a person desiring a patent in a particular country must make an
application for patent in that country in accordance with its particular laws. Since the laws of many countries differ
in various respects from the patent law of the United States, applicants are advised to seek guidance from specific
foreign countries to ensure that patent rights are not lost prematurely.

Applicants also are advised that in the case of inventions made in the United States, the Director of the USPTO must
issue a license before applicants can apply for a patent in a foreign country. The filing of a U.S. patent application
serves as a request for a foreign filing license. The application's filing receipt contains further information and
guidance as to the status of applicant's license for foreign filing.

Applicants may wish to consult the USPTO booklet, "General Information Concerning Patents" (specifically, the

section entitled "Treaties and Foreign Patents") for more information on timeframes and deadlines for filing foreign
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patent applications. The guide is available either by contacting the USPTO Contact Center at 800-786-9199, or it
can be viewed on the USPTO website at http://www.uspto.gov/web/offices/pac/doc/general/index.html.

For information on preventing theft of your intellectual property (patents, trademarks and copyrights), you may wish
to consult the U.S. Government website, http://www.stopfakes.gov. Part of a Department of Commerce initiative,
this website includes self-help "toolkits" giving innovators guidance on how to protect intellectual property in specific
countries such as China, Korea and Mexico. For questions regarding patent enforcement issues, applicants may
call the U.S. Government hotline at 1-866-999-HALT (1-866-999-4258).

LICENSE FOR FOREIGN FILING UNDER
Title 35, United States Code, Section 184

Title 37, Code of Federal Regulations, 5.11 & 5.15
GRANTED

The applicant has been granted a license under 35 U.S.C. 184, if the phrase "IF REQUIRED, FOREIGN FILING
LICENSE GRANTED" followed by a date appears on this form. Such licenses are issued in all applications where
the conditions for issuance of a license have been met, regardless of whether or not a license may be required as
set forth in 37 CFR 5.15. The scope and limitations of this license are set forth in 37 CFR 5.15(a) unless an earlier
license has been issued under 37 CFR 5.15(b). The license is subject to revocation upon written notification. The
date indicated is the effective date of the license, unless an earlier license of similar scope has been granted under
37 CFR 5.13 or 5.14.

This license is to be retained by the licensee and may be used at any time on or after the effective date thereof unless
it is revoked. This license is automatically transferred to any related applications(s) filed under 37 CFR 1.53(d). This
license is not retroactive.

The grant of a license does not in any way lessen the responsibility of a licensee for the security of the subject matter
as imposed by any Government contract or the provisions of existing laws relating to espionage and the national
security or the export of technical data. Licensees should apprise themselves of current regulations especially with
respect to certain countries, of other agencies, particularly the Office of Defense Trade Controls, Department of
State (with respect to Arms, Munitions and Implements of War (22 CFR 121-128)); the Bureau of Industry and
Security, Department of Commerce (15 CFR parts 730-774); the Office of Foreign AssetsControl, Department of
Treasury (31 CFR Parts 500+) and the Department of Energy.

NOT GRANTED

No license under 35 U.S.C. 184 has been granted at this time, if the phrase "IF REQUIRED, FOREIGN FILING
LICENSE GRANTED" DOES NOT appear on this form. Applicant may still petition for a license under 37 CFR 5.12,
if a license is desired before the expiration of 6 months from the filing date of the application. If 6 months has lapsed
from the filing date of this application and the licensee has not received any indication of a secrecy order under 35
U.S.C. 181, the licensee may foreign file the application pursuant to 37 CFR 5.15(b).
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SelectUSA

The United States represents the largest, most dynamic marketplace in the world and is an unparalleled location for
business investment, innovation, and commercialization of new technologies. The U.S. offers tremendous resources
and advantages for those who invest and manufacture goods here. Through SelectUSA, our nation works to
promote and facilitate business investment. SelectUSA provides information assistance to the international investor
community; serves as an ombudsman for existing and potential investors; advocates on behalf of U.S. cities, states,
and regions competing for global investment; and counsels U.S. economic development organizations on investment
attraction best practices. To learn more about why the United States is the best country in the world to develop
technology, manufacture products, deliver services, and grow your business, visit http://www.SelectUSA.gov or call
+1-202-482-6800.
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PATENT APPLICATION FEE DETERMINATION RECORD Application or Docket Number
Substitute for Form PTO-875 16/876,604
APPLICATION AS FILED - PART | OTHER THAN
(Column 1) (Column 2) SMALL ENTITY OR SMALL ENTITY
FOR NUMBER FILED NUMBER EXTRA RATE($) FEE($) RATE($) FEE($)
BASIC FEE
R N/A N/A N/A N/A 300
SEARCH FEE
(37 CFR 1.16(K), (), or (m) N/A N/A N/A N/A 660
EXAMINATION FEE
AU N/A N/A N/A N/A 760
TOTAL CLAIMS ]
(37 CFR 1.16(i) 29 minus 20= 9 OR [x 100 900
INDEPENDENT CLAIMS *
(37 CFR 1.16(h)) 4 minus 3 = 1 X 460 460
If the specification and drawings exceed 100
APPLICATION SIZE | sheets of paper, the application size fee due is
FEE $310 ($155 for small entity) for each additional 0.00
(37 CFR 1.16(s)) 50 sheets or fraction thereof. See 35 U.S.C.
41(a)(1)(G) and 37 CFR 1.16(s).
MULTIPLE DEPENDENT CLAIM PRESENT (37 CFR 1.16(j)) 0.00
* |f the difference in column 1 is less than zero, enter "0” in column 2. TOTAL TOTAL 3080
APPLICATION AS AMENDED - PART I
OTHER THAN
(Column 1) (Column 2) (Column 3) SMALL ENTITY OR SMALL ENTITY
CLAIMS HIGHEST
REMAINING NUMBER PRESENT ADDITIONAL ADDITIONAL
< AFTER PREVIOUSLY EXTRA RATE(®) FEE($) RATE(S) FEE($)
E AMENDMENT PAID FOR
LU Total . i - =
> 37 CF(:H 16(i)) Minus X OR X
% Independent * Minus | *** =
| wrcrrR16n) x OR |x
<§: Application Size Fee (37 CFR 1.16(s))
FIRST PRESENTATION OF MULTIPLE DEPENDENT CLAIM (37 GFR 1.16(j)) OR
TOTAL OR TOTAL
ADD'L FEE ADD'L FEE
(Column 1) (Column 2) (Column 3)
CLAIMS HIGHEST
REMAINING NUMBER PRESENT ADDITIONAL ADDITIONAL
m AFTER PREVIOUSLY EXTRA RATE(S) FEE(S) RATE(S) FEE(S)
E AMENDMENT PAID FOR
LU Total * Minus | ** = X
S| @ CF?H.IB(H) OR |x
% Independent * Minus | *** = . OR .
w (37 CFR 1.16(h))
<§( Application Size Fee (37 CFR 1.16(s))
OR
FIRST PRESENTATION OF MULTIPLE DEPENDENT CLAIM (37 CGFR 1.16(j))
TOTAL OR TOTAL
ADD'L FEE ADD'L FEE
* If the entry in column 1 is less than the entry in column 2, write "0" in column 3.
** |f the "Highest Number Previously Paid For" IN THIS SPACE is less than 20, enter "20".
*** |f the "Highest Number Previously Paid For" IN THIS SPACE is less than 3, enter "3".
The "Highest Number Previously Paid For" (Total or Independent) is the highest found in the appropriate box in column 1.
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UNITED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

P.O. Box 1450

Alexandria, Virginia 22313-1450

www.uspto.gov

| APPLICATION NO. | FILING DATE | FIRST NAMED INVENTOR | ATTORNEY DOCKET NO. CONFIRMATION NO. |
16/876,604 05/18/2020 DAVID F. BRUECK 066.0141X1C10 6495
70560 7590 06/02/2020 | EXAMINER |

LKGLOBAL (Dish Technologies L.L.C.)
7010 E. COCHISE ROAD
SCOTTSDALE, AZ 85253

| ART UNIT [ raperUMBER |
2454
| ~omricationpate | DELIVERY MoDE |
06/02/2020 ELECTRONIC

Please find below and/or attached an Office communication concerning this application or proceeding.
The time period for reply, if any, is set in the attached communication.

Notice of the Office communication was sent electronically on above-indicated "Notification Date" to the
following e-mail address(es):

dish@Ikglobal.com
ipdept@dish.com

PTOL-90A (Rev. 04/07)
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Application No. Applicant(s)
16/876,604 BRUECK etal.
Decision Granting Request for
Prioritized Examination (Track /) Examiner Art Unit AIA (FITF) Status
CHERYL P GIBSON OPET No
BAYLOR

1. THE REQUEST FILED 18 May 2020 IS GRANTED .

The above-identified application has met the requirements for prioritized examination
A for an original nonprovisional application (Track I).
B. (J for an application undergoing continued examination (RCE).

2. The above-identified application will undergo prioritized examination. The application will be
accorded special status throughout its entire course of prosecution until one of the following occurs:

A filing a petition for extension of time to extend the time period for filing a reply;

B. filing an amendment to amend the application to contain more than four
i laims, motre than thir | claims , or a multiple dependent claim;

filing a request for continued examination ;
filing a notice of appeal;

filing a request for suspension of action;
mailing of a notice of allowance;

mailing of a final Office action;

I @ mmOo o

completion of examination as defined in 37 CFR 41.102; or

abandonment of the application.

Telephone inquiries with regard to this decision should be directed to CHERYL GIBSON BAYLOR at
(671)272-3213. In his/her absence, calls may be directed to Petition Help Desk at (571) 272-3282.

/CHERYL GIBSON BAYLOR/
Paralegal Specialist, OPET

U.S. Patent and Trademark Office
PTO-2298 (Rev. 02-2012)

fuboTV Media Inc.
Exhibit 1002
Page 081



UNITED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

P.O. Box 1450

Alexandria, Virginia 22313-1450

www.uspto.gov

| APPLICATION NO. | FILING DATE | FIRST NAMED INVENTOR | ATTORNEY DOCKET NO. |  CONFIRMATION NO. |

16/876,604 05/18/2020 DAVID F. BRUECK 066.0141X1C10 6495
70560 7590 07/24/2020 | EXAMINER |
LKGLOBAL (Dish Technologies L.L.C.)
7010 E. COCHISE ROAD PATEL, CHIRAG R
SCOTTSDALE, AZ 85253

| ART UNIT | PAPER NUMBER |

2454
| NOTIFICATION DATE | DELIVERY MODE |
07/24/2020 ELECTRONIC

Please find below and/or attached an Office communication concerning this application or proceeding.
The time period for reply, if any, is set in the attached communication.

Notice of the Office communication was sent electronically on above-indicated "Notification Date" to the
following e-mail address(es):

dish@Ikglobal.com
ipdept@dish.com

PTOL-90A (Rev. 04/07)
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Application No. Applicant(s)

16/876,604 BRUECK et al.
Office Action Summary Examiner ArtUnit | AIA (FITF) Status
CHIRAG R PATEL 2454 No

-- The MA/ILING DATE of this communication appears on the cover sheet with the correspondernce address --
Period for Reply

A SHORTENED STATUTORY PERIOD FOR REPLY IS SET TO EXPIRE 3 MONTHS FROM THE MAILING
DATE OF THIS COMMUNICATION.

- Extensions of time may be available under the provisions of 37 CFR 1.136(a). In no event, however, may a reply be timely filed after SIX (6) MONTHS from the mailing
date of this communication.

- If NO period for reply is specified above, the maximum statutory period will apply and will expire SIX (6) MONTHS from the mailing date of this communication.

- Failure to reply within the set or extended period for reply will, by statute, cause the application to become ABANDONED (35 U.S.C. § 133).
Any reply received by the Office later than three months after the mailing date of this communication, even if timely filed, may reduce any earned patent term
adjustment. See 37 CFR 1.704(b).

Status
1) Responsive to communication(s) filed on the filing on May 18, 2020.
OJ A declaration(s)/affidavit(s) under 37 CFR 1.130(b) was/were filedon .
2a)(] This action is FINAL. 2b) v This action is non-final.

3)(J An election was made by the applicant in response to a restriction requirement set forth during the interview
on ____ ;the restriction requirement and election have been incorporated into this action.

4)J Since this application is in condition for allowance except for formal matters, prosecution as to the merits is
closed in accordance with the practice under £x parte Quayle, 1935 C.D. 11, 453 O.G. 213.

Disposition of Claims*
5) Claim(s)  1-29 is/are pending in the application.

5a) Of the above claim(s) ____is/are withdrawn from consideration.
6) (0 Claim(s) ___ is/are allowed.
7) Claim(s) 1-29 is/are rejected.
8) [ Claim(s) ____is/are objected to.
9) (O Claim(s) ____ are subject to restriction and/or election requirement

* If any claims have been determined allowable, you may be eligible to benefit from the Patent Prosecution Highway program at a
participating intellectual property office for the corresponding application. For more information, please see

http://www.uspto.gov/patents/init _events/pph/index.jsp or send an inquiry to PPHfeedback@uspto.gov.

Application Papers
10)(O The specification is objected to by the Examiner.
11)& The drawing(s) filed on 18 May 2020 is/are: a)&} accepted or b)(J objected to by the Examiner.
Applicant may not request that any objection to the drawing(s) be held in abeyance. See 37 CFR 1.85(a).
Replacement drawing sheet(s) including the correction is required if the drawing(s) is objected to. See 37 CFR 1.121(d).

Priority under 35 U.S.C. § 119

12)(J Acknowledgment is made of a claim for foreign priority under 35 U.S.C. § 119(a)-(d) or (f).
Certified copies:

a)o Al b)O Some**  ¢)(J None of the:
1.0 Certified copies of the priority documents have been received.
2.0 Certified copies of the priority documents have been received in Application No.

3.0 Copies of the certified copies of the priority documents have been received in this National Stage
application from the International Bureau (PCT Rule 17.2(a)).

** See the attached detailed Office action for a list of the certified copies not received.

Attachment(s)
1) Notice of References Cited (PTO-892) 3) (J Interview Summary (PTO-413)
. . Paper No(s)/Mail Date
2) [ Information Disclosure Statement(s) (PTO/SB/08a and/or PTO/SB/08b) 4) (] Other:
Paper No(s)/Mail Date E—
U.S. Patent and Trademark Office
PTOL-326 (Rev. 11-13) Office Action Summary Part of Paper No./Mail Date 20200719
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Application/Control Number: 16/876,604 Page 2
Art Unit: 2454

Notice of Pre-AlA or AIA Status

The present application is being examined under the pre-AlA first to invent provisions.

Double Patenting

The nonstatutory double patenting rejection is based on a judicially created doctrine
grounded in public policy (a policy reflected in the statute) so as to prevent the unjustified or
improper timewise extension of the “right to exclude” granted by a patent and to prevent
possible harassment by multiple assignees. A nonstatutory double patenting rejection is
appropriate where the conflicting claims are not identical, but at least one examined application
claim is not patentably distinct from the reference claim(s) because the examined application
claim is either anticipated by, or would have been obvious over, the reference claim(s). See,
e.g., Inre Berg, 140 F.3d 1428, 46 USPQ2d 1226 (Fed. Cir. 1998); In re Goodman, 11 F.3d
1046, 29 USPQ2d 2010 (Fed. Cir. 1993); In re Longi, 759 F.2d 887, 225 USPQ 645 (Fed. Cir.
1985); In re Van Ornum, 686 F.2d 937, 214 USPQ 761 (CCPA 1982); In re Vogel, 422 F.2d
438, 164 USPQ 619 (CCPA 1970); In re Thorington, 418 F.2d 528, 163 USPQ 644 (CCPA
1969).

A timely filed terminal disclaimer in compliance with 37 CFR 1.321(c) or 1.321(d) may be
used to overcome an actual or provisional rejection based on nonstatutory double patenting
provided the reference application or patent either is shown to be commonly owned with the
examined application, or claims an invention made as a result of activities undertaken within the
scope of a joint research agreement. See MPEP § 717.02 for applications subject to
examination under the first inventor to file provisions of the AIA as explained in MPEP § 2159.
See MPEP §§ 706.02(1)(1) - 706.02(1)(3) for applications not subject to examination under the
first inventor to file provisions of the AIA. A terminal disclaimer must be signed in compliance

with 37 CFR 1.321(b).
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Application/Control Number: 16/876,604 Page 3
Art Unit: 2454

The USPTO Internet website contains terminal disclaimer forms which may be used.
Please visit www.uspto.gov/patent/patents-forms. The filing date of the application in which the
form is filed determines what form (e.g., PTO/SB/25, PTO/SB/26, PTO/AIA/25, or PTO/AIA/26)
should be used. A web-based eTerminal Disclaimer may be filled out completely online using
web-screens. An eTerminal Disclaimer that meets all requirements is auto-processed and

approved immediately upon submission. For more information about eTerminal Disclaimers,

RRAAAS 1t et anto e ans Alafatefan drdancasa T indol oy
refer to wwwe uspte.aovoaianis/orocesydiie/els/quidanse/e Th-info-Lisg.
4 3 hY

Claims 1-29 are rejected on the ground of nonstatutory double patenting as being
unpatentable over claims 1-4, 7, 11-15 of U.S. Patent No. 10,649,554. Although the claims at

issue are not identical, they are not patentably distinct from each other.

Claims 1, 3 and 4 of the instant application are anticipated by claims 1 and 110f the

patent. Differences are that it would have been obvious for the virtual timeline which is

requested by the end-user station to be generated by the server. Other differences it would

have been obvious for the one storage device storing live event video to be an archived content

of the instant application.

Claim 2 of the instant application is anticipated by claim 12 of the patent.

Claim 5 of the instant application is anticipated by claim 2 of the patent.

Claim 6 of the instant application is anticipated by claim 3 of the patent.

Claim 7 of the instant application is anticipated by claim 4 of the patent.
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Application/Control Number: 16/876,604 Page 4
Art Unit: 2454

Claim 8 of the instant application is anticipated by claim 11 of the patent.

Claim 9 of the instant application is anticipated by claim 7 of the patent.

Claim 10 of the instant application is anticipated by claim 12 of the patent.

Claim 11 of the instant application is anticipated by claim 13 of the patent.

Claim 12 of the instant application is anticipated by claim 14 of the patent.

Claim 13 of the instant application is anticipated by claim 15 of the patent.

Claims 14, 20 and 21 of the instant application is anticipated by claim 1 and11-12 of the
patent. Differences are that it would have been obvious to the request of the virtual timeline
which corresponds to the currently selected one of the low quality, medium quality or high
quality stream of the patent to be placed for at least one virtual times based on the selected one
of the low quality stream, the medium quality stream and the high quality stream. Other
differences it would have been obvious for the one storage device storing live event video to be

an archived content of the instant application.

Claim 15 is an obvious variant of claim 14 as it would have been obvious for the end-
user station to select streamlets from the virtual timeline once is it received by the server.

These claims are an obvious variant of each other and are not patentably distinct.

Claim 16 of the instant application is anticipated by claim 2 of the patent.
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Application/Control Number: 16/876,604 Page 5
Art Unit: 2454

Claim 17 of the instant application is anticipated by claim 3 of the patent.

Claim 18 of the instant application is anticipated by claim 12 of the patent.

Claim 19 of the instant application is anticipated by claim 13 of the patent.

Claims 22, 26 and 27 of the instant application is anticipated by claim 1, 4 and 11 of the
patent. Differences are that it would have been obvious for the virtual timeline which is
requested by the end-user stations of the patent to be stored on the one or more servers and
obvious for the virtual timeline of the patent to be retrieved and sent to the end-user station
upon the request of the end-user of the instant application. Other differences it would have
been obvious for the one storage device storing live event video to be an archived content of the

instant application.

Claim 23 of the instant application is anticipated by claim 4 of the patent.

Claim 24 of the instant application is anticipated by claim 2 of the patent.

Claim 25 of the instant application is anticipated by claim 3 of the patent.

Claim 28 of the instant application is anticipated by claims 1, 4 and 11 of the patent.

Differences are it would have been obvious for the patent for the virtual timeline which is

requested and received by the end user stations to be retrieved by the server.

Claim 29 of the instant application is anticipated by claim 11 and 12 of the instant

application. The differences are that it would have been obvious for the patent to place a
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streamlet request over one or more internet connect when requesting the streamlet from the
virtual timeline and to receive the streamlet from the server, in response to the requests. These

claims are obvious variant of each other and not patentably distinct from each other.

Allowable Subject Matter
The following is a statement of reasons for the indication of allowable subject matter: A
review of the prior art fails to disclose or render obvious, “wherein the first streamlet of each of
the groups of streamlets has the same first duration and encodes the same first portion of the
video in each of the low quality stream, the medium quality stream, and the high quality stream,
and wherein the first streamlet of the low quality stream encodes the same first portion of the
video at a different bitrate than the first streamlet of the high quality stream and the first

streamlet of the medium quality stream”.

Conclusion

The prior art made of record and not relied upon is considered pertinent to
applicant's disclosure.

Lango et al. - (US 2005/0055425) - Pre-computing streaming media payload method and
apparatus.

Meehan et al. - (US 2003/0103571) - Combined MPEG-4 FGS and modulation algorithm
for wireless video transmission.

Xu et al. — (US 7,369,610) - Enhancement layer switching for scalable video coding.

Lee et al. (US 2003/0023982) - Scalable video encoding/storage/distribution/decoding
for symmetrical multiple video processors.

Rahman et al. (US 7,934,159) - Media timeline

Seazholtz et al. (US 5,812,786) - Variable rate and variable mode transmission system.
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Any inquiry concerning this communication or earlier communications from the
examiner should be directed to Chirag R Patel whose telephone number is (571)272-
7966. The examiner can normally be reached on Monday to Friday from 8:00AM to 4:30PM. If
attempts to reach the examiner by telephone are unsuccessful, the
examiner's supervisor, Glenton Burgess, can be reached on 571-272-3949. The fax phone
number for the organization where this application or proceeding
is assigned is 571-273-8300.

Information regarding the status of an application may be obtained from the Patent
Application Information Retrieval (PAIR) system. Status information
for published applications may be obtained from either Private PAIR or Public
PAIR. Status information for unpublished applications is available through
Private PAIR only. For more information about the PAIR system, see
http://pairdirect.uspto.gov. Should you have questions on access to the Private
PAIR system, contact the Electronic Business Center (EBC) at 866-217-9197
(toll free).

/Chirag R Patel/
Primary Examiner, Art Unit 2454
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IN THE UNITED STATES PATENT AND TRADEMARK OFFICE

Serial. No.: 16/876,604 Confirmation No.: 6495

Examiner: Chirag Patel Art Unit: 2454

Filed: May 18, 2020 Customer No.: 70560

Title: APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE
CONTENT STREAMING

Attorney Docket No.: 066.0141x1C10

RESPONSE TO OFFICE ACTION
FILED UNDER 37 C.F.R. 1.111

Mail Stop AMENDMENT
Commissioner for Patents
P.O. Box 1450

Alexandria, VA 22313-1450

**FILED ELECTRONICALLY USING THE PTO-EFS SYSTEM
Commissioner:

We hereby respond to the Office Action mailed on July 24, 2020. Nothing is

amended by this response, and remarks begin on the following page (page 2).
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Filer:
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Filer Authorized By:

Attorney Docket Number: 066.0141X1C10
Receipt Date: 26-0CT-2020
Filing Date: 18-MAY-2020
Time Stamp: 19:20:56

Application Type:

Utility under 35 USC 111(a)

Payment information:

Submitted with Payment no
File Listing:
Document ... . File Size(Bytes)/ Multi Pages
Number Document Description File Name Message Digest | Part/.zip| (if appl.)
153119
1 20201026_Response_066-0141 yes 3

X1C10.pdf

537570db5d2089c24a88d9dd229a0b3cd9)
2727af

fuboTV Media Inc.

Exhibit 1002
Page 099



Multipart Description/PDF files in .zip description
Document Description Start End
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This Acknowledgement Receipt evidences receipt on the noted date by the USPTO of the indicated documents,
characterized by the applicant, and including page counts, where applicable. It serves as evidence of receipt similar to a
Post Card, as described in MPEP 503.

New Applications Under 35 U.S.C. 111

If a new application is being filed and the application includes the necessary components for a filing date (see 37 CFR
1.53(b)-(d) and MPEP 506), a Filing Receipt (37 CFR 1.54) will be issued in due course and the date shown on this
Acknowledgement Receipt will establish the filing date of the application.

National Stage of an International Application under 35 U.S.C. 371

If a timely submission to enter the national stage of an international application is compliant with the conditions of 35
U.S.C. 371 and other applicable requirements a Form PCT/DO/EO/903 indicating acceptance of the application asa
national stage submission under 35 U.S.C. 371 will be issued in addition to the Filing Receipt, in due course.

New International Application Filed with the USPTO as a Receiving Office

If a new international application is being filed and the international application includes the necessary components for
an international filing date (see PCT Article 11 and MPEP 1810), a Notification of the International Application Number
and of the International Filing Date (Form PCT/RO/105) will be issued in due course, subject to prescriptions concerning
national security, and the date shown on this Acknowledgement Receipt will establish the international filing date of
the application.
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REMARKS
This is a response to the above-reference application, which has been granted

Track One status. No amendments are made, so no new matter has been added.

Allowable Subject Matter

We appreciate the Examiner’s acknowledgement that all claims are allowable but

for the double patenting rejection addressed below.

Double Patenting Rejection

The only issue raised by the Office Action is a double patenting rejection as

follows:

Claims 1-29 are rejected on the ground of nonstatutory double patenting as being
unpatentable over claims 1-4, 7, 11-15 of U.S. Patent No. 10,649,554. Although the claims at

issue are not identical, they are not patentably distinct from each other.

We believe that the rejection contains a typographical error, and that the
referenced patent is intended to be the issued parent to this application, US
Patent No. 10,469,554. The Office Action states that the rejection can be overcome
with a terminal disclaimer, which is being filed under separate cover following
confirmation of the correct patent number with the Examiner.

After entry of the terminal disclaimer, the rejection is believed to be moot. If
there are any issues with the terminal disclaimer or associated fee payment, however, or
if any additional disclaimers are needed, the Examiner is invited to contact the

undersigned via telephone at 480.241.8219 (mobile) or 480.385.5069 (office).

Conclusion

Should any issues remain, we would welcome a telephone call to -
(480) 385-5069 or an email to bearlson@lkglobal.com. Recognizing that
Internet communications are not secure, we hereby authorize the USPTO to
communicate with the undersigned and practitioners in accordance with 37 CFR 1.33

and 37 CFR 1.34 concerning any subject matter of this application via video
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conferencing, instant messaging, or electronic mail. We understand that a copy of

these communications will be made of record in the application file. (MPEP 502.03).

Without limiting the foregoing, we further authorize the use of email for informal
correspondence, including the exchange of proposed amendments or other draft
documents.

Respectfully submitted,

LORENZ & KOPF, LLC

Dated:_Monday, October 26, 2020 By:__/Brett A. Carlson /
Brett A. Carlson
Reg. No. 39,928

boarlson@ikalobal.com
480-385-5069 (direct)
480-241-8219 (mobile)
480-385-5060 (general)

LKGLOBAL is LORENZ & KOPF, LLC
Customer No. 70560

fuboTV Media Inc.

Exhibit 1002
Page 102



PTO/SB/26

Doc Code: DIST.E.FILE U.S. Patent and Trademark Office

Document Description: Electronic Terminal Disclaimer - Filed Department of Commerce
Electronic Petition Request TERMINAL DISCLAIMER TO OBVIATE A DOUBLE PATENTING REJECTION OVER A

“PRIOR” PATENT

Application Number 16876604
Filing Date 18-May-2020
First Named Inventor DAVID BRUECK
Attorney Docket Number 066.0141X1C10

Title of Invention

APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

X Filing of terminal disclaimer does not obviate requirement for response under 37 CFR 1.111 to outstanding
Office Action

XI This electronic Terminal Disclaimer is not being used for a Joint Research Agreement.

Owner Percent Interest

DISH TECHNOLOGIES LLC 100%

The owner(s) with percent interest listed above in the instant application hereby disclaims, except as provided below, the
terminal part of the statutory term of any patent granted on the instant application which would extend beyond the expiration
date of the full statutory term of prior patent number(s)

10469554

as the term of said prior patent is presently shortened by any terminal disclaimer. The owner hereby agrees that any patent so
granted on the instant application shall be enforceable only for and during such period that it and the prior patent are commonly
owned. This agreement runs with any patent granted on the instant application and is binding upon the grantee, its successors
or assigns.

In making the above disclaimer, the owner does not disclaim the terminal part of the term of any patent granted on the instant
application that would extend to the expiration date of the full statutory term of the prior patent, "as the term of said prior patent
is presently shortened by any terminal disclaimer,” in the event that said prior patent later:

- expires for failure to pay a maintenance fee;

- is held unenforceable;

- is found invalid by a court of competent jurisdiction;

- is statutorily disclaimed in whole or terminally disclaimed under 37 CFR 1.321;

- has all claims canceled by a reexamination certificate;

- is reissued; or

- is in any manner terminated prior to the expiration of its full statutory term as presently shortened by any terminal disclaimer.

(® Terminal disclaimer fee under 37 CFR 1.20(d) is included with Electronic Terminal Disclaimer request.
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O | certify, in accordance with 37 CFR 1.4(d)(4), that the terminal disclaimer fee under 37 CFR 1.20(d)
required for this terminal disclaimer has already been paid in the above-identified application.

Applicant claims the following fee status:

O Small Entity
(O Micro Entity

(® Regular Undiscounted

| hereby declare that all statements made herein of my own knowledge are true and that all statements made on information and
belief are believed to be true; and further that these statements were made with the knowledge that willful false statements and
the like so made are punishable by fine or imprisonment, or both, under Section 1001 of Title 18 of the United States Code and
that such willful false statements may jeopardize the validity of the application or any patent issued thereon.

THIS PORTION MUST BE COMPLETED BY THE SIGNATORY OR SIGNATORIES

| certify, in accordance with 37 CFR 1.4(d)(4) that | am:

® An attorney or agent registered to practice before the Patent and Trademark Office who is of record in
this application

Registration Number 39928

(O Asoleinventor

O A joint inventor; | certify that | am authorized to sign this submission on behalf of all of the inventors as evidenced by the
power of attorney in the application

(O Ajointinventor; all of whom are signing this request

Signature /BRETT A. CARLSON/

Name /BRETT A. CARLSON/

*Statement under 37 CFR 3.73(b) is required if terminal disclaimer is signed by the assignee (owner).
Form PTO/SB/96 may be used for making this certification. See MPEP § 324.

fuboTV Media Inc.
Exhibit 1002
Page 104



Electronic Patent Application Fee Transmittal

Application Number:

16876604

Filing Date:

18-May-2020

Title of Invention:

APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT

STREAMING

First Named Inventor/Applicant Name:

DAVID F. BRUECK

Filer: Brett Carlson/Julie Graf
Attorney Docket Number: 066.0141X1C10
Filed as Large Entity
Filing Fees for Utility under 35 USC 111(a)
Description Fee Code Quantity Amount SUB—JS:;)I in
Basic Filing:
STATUTORY OR TERMINAL DISCLAIMER 1814 1 170 170
Pages:
Claims:

Miscellaneous-Filing:

Petition:

Patent-Appeals-and-Interference:

Post-Allowance-and-Post-Issuance:
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Description Fee Code Quantity Amount SuB—;’g(t:)l in
Extension-of-Time:
Miscellaneous:
Total in USD ($) 170
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Doc Code: DISQ.E.FILE
Document Description: Electronic Terminal Disclaimer — Approved

Application No.: 16876604
Filing Date: 18-May-2020

Applicant/Patent under Reexamination: BRUECK

Electronic Terminal Disclaimer filed on  October 27, 2020

X APPROVED

This patent is subject to a terminal disclaimer

1 DISAPPROVED

Approved/Disapproved by: Electronic Terminal Disclaimer automatically approved by EFS-Web

U.S. Patent and Trademark Office
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Electronic Acknowledgement Receipt

EFS ID: 40953841
Application Number: 16876604
International Application Number:
Confirmation Number: 6495
Title of Invention: APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT
* STREAMING
First Named Inventor/Applicant Name: DAVID F. BRUECK
Customer Number: 70560
Filer: Brett Carlson/Julie Graf
Filer Authorized By: Brett Carlson
Attorney Docket Number: 066.0141X1C10
Receipt Date: 27-0CT-2020
Filing Date: 18-MAY-2020
Time Stamp: 09:43:29
Application Type: Utility under 35 USC 111(a)
Payment information:
Submitted with Payment yes
Payment Type CARD
Payment was successfully received in RAM $170
RAM confirmation Number E20200Q043250944
Deposit Account
Authorized User

The Director of the USPTO is hereby authorized to charge indicated fees and credit any overpayment as follows:
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File Listing:

Document .. . File Size(Bytes)/ Multi Pages
Document Description File Name . . .
Number Message Digest | Part/.zip| (if appl.)
33553
1 Terminal Disclaimer-Filed (Electronic) eTerminal-Disclaimer.pdf no 2
8176b674d23¢172ecf8c3da359363d8b0f3
16a24
Warnings:
Information:
30253
2 Fee Worksheet (SB06) fee-info.pdf no 2
70047fd44a3f4267547d79a146f1b9f60ddc]
403e
Warnings:
Information:
Total Files Size (in bytes){ 63806

This Acknowledgement Receipt evidences receipt on the noted date by the USPTO of the indicated documents,
characterized by the applicant, and including page counts, where applicable. It serves as evidence of receipt similar to a
Post Card, as described in MPEP 503.

New Applications Under 35 U.S.C. 111

If a new application is being filed and the application includes the necessary components for a filing date (see 37 CFR
1.53(b)-(d) and MPEP 506), a Filing Receipt (37 CFR 1.54) will be issued in due course and the date shown on this
Acknowledgement Receipt will establish the filing date of the application.

National Stage of an International Application under 35 U.S.C. 371

If a timely submission to enter the national stage of an international application is compliant with the conditions of 35
U.S.C. 371 and other applicable requirements a Form PCT/DO/EO/903 indicating acceptance of the application as a
national stage submission under 35 U.S.C. 371 will be issued in addition to the Filing Receipt, in due course.

New International Application Filed with the USPTO as a Receiving Office

If a new international application is being filed and the international application includes the necessary components for
an international filing date (see PCT Article 11 and MPEP 1810), a Notification of the International Application Number
and of the International Filing Date (Form PCT/RO/105) will be issued in due course, subject to prescriptions concerning
national security, and the date shown on this Acknowledgement Receipt will establish the international filing date of
the application.
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UNITED STATES PATENT AND TRADEMARK OFFICE

UNITED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

P.O. Box 1450

Alexandria, Virginia 22313-1450

WWW.Uspto.gov

NOTICE OF ALLOWANCE AND FEE(S) DUE

| EXAMINER |
70560 7590 11/12/2020
LKGLOBAL (Dish Technologies L.L.C.) PATEL, CHIRAG R
7010 E. COCHISE ROAD
SCOTTSDALE, AZ 85253 | ART UNIT parER NUMBER |
2454
DATE MAILED: 11/12/2020
APPLICATION NO. FILING DATE FIRST NAMED INVENTOR ATTORNEY DOCKET NO. CONFIRMATION NO.
16/876,604 05/18/2020 DAVID F. BRUECK 066.0141X1C10 6495

TITLE OF INVENTION: APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING

APPLN. TYPE ENTITY STATUS ISSUE FEE DUE I PUBLICATION FEE DUE | PREV. PAID ISSUE FEE TOTAL FEE(S) DUE DATE DUE

nonprovisional UNDISCOUNTED $1200 $0.00 $0.00 $1200 02/12/2021

THE APPLICATION IDENTIFIED ABOVE HAS BEEN EXAMINED AND IS ALLOWED FOR ISSUANCE AS A PATENT.
PROSECUTION ON THE MERITS IS CLOSED. THIS NOTICE OF ALLOWANCE IS NOT A GRANT OF PATENT RIGHTS.
THIS APPLICATION IS SUBJECT TO WITHDRAWAL FROM ISSUE AT THE INITIATIVE OF THE OFFICE OR UPON
PETITION BY THE APPLICANT. SEE 37 CFR 1.313 AND MPEP 1308.

THE ISSUE FEE AND PUBLICATION FEE (IF REQUIRED) MUST BE PAID WITHIN THREE MONTHS FROM THE MAILING
DATE OF THIS NOTICE OR THIS APPLICATION SHALL BE REGARDED AS ABANDONED. THIS STATUTORY PERIOD
CANNOT BE EXTENDED. SEE 35 U.S.C. 151. THE ISSUE FEE DUE INDICATED ABOVE DOES NOT REFLECT A CREDIT
FOR ANY PREVIOUSLY PAID ISSUE FEE IN THIS APPLICATION. IF AN ISSUE FEE HAS PREVIOUSLY BEEN PAID IN
THIS APPLICATION (AS SHOWN ABOVE), THE RETURN OF PART B OF THIS FORM WILL BE CONSIDERED A REQUEST
TO REAPPLY THE PREVIOUSLY PAID ISSUE FEE TOWARD THE ISSUE FEE NOW DUE.

HOW TO REPLY TO THIS NOTICE:

I. Review the ENTITY STATUS shown above. If the ENTITY STATUS is shown as SMALL or MICRO, verify whether entitlement to that
entity status still applies.

If the ENTITY STATUS is the same as shown above, pay the TOTAL FEE(S) DUE shown above.

If the ENTITY STATUS is changed from that shown above, on PART B - FEE(S) TRANSMITTAL, complete section number 5 titled
"Change in Entity Status (from status indicated above)".

For purposes of this notice, small entity fees are 1/2 the amount of undiscounted fees, and micro entity fees are 1/2 the amount of small entity
fees.

II. PART B - FEE(S) TRANSMITTAL, or its equivalent, must be completed and returned to the United States Patent and Trademark Office
(USPTO) with your ISSUE FEE and PUBLICATION FEE (if required). If you are charging the fee(s) to your deposit account, section "4b"
of Part B - Fee(s) Transmittal should be completed and an extra copy of the form should be submitted. If an equivalent of Part B is filed, a
request to reapply a previously paid issue fee must be clearly made, and delays in processing may occur due to the difficulty in recognizing
the paper as an equivalent of Part B.

III. All communications regarding this application must give the application number. Please direct all communications prior to issuance to Mail
Stop ISSUE FEE unless advised to the contrary.

IMPORTANT REMINDER: Maintenance fees are due in utility patents issuing on applications filed on or after Dec. 12, 1980.
It is patentee's responsibility to ensure timely payment of maintenance fees when due. More information is available at

www.uspto.gov/PatentMaintenanceFees.
Page 1 of 3

PTOL-85 (Rev. 02/11)
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PART B - FEE(S) TRANSMITTAL
Complete and send this form, together with applicable fee(s), by mail or fax, or via EFS-Web.

By mail, send to: Mail Stop ISSUE FEE By fax, send to:  (571)-273-2885
Commissioner for Patents
P.O. Box 1450
Alexandria, Virginia 22313-1450

INSTRUCTIONS: This form should be used for transmitting the ISSUE FEE and PUBLICATION FEE (if required). Blocks 1 through 5 should be completed where appropriate. All
further correspondence including the Patent, advance orders and notification of maintenance fees will be mailed to the current correspondence address as indicated unless corrected
below or directed otherwise in Block 1, by (a) specifying a new correspondence address; and/or (b) indicating a separate "FEE ADDRESS" for maintenance fee notifications.
Note: A certificate of mailing can only be used for domestic mailings of the
Fee(s) Transmittal. This certificate cannot be used for any other accompanying
papers. Each additional paper, such as an assignment or formal drawing, must
have its own certificate of mailing or transmission.

CURRENT CORRESPONDENCE ADDRESS (Note: Use Block 1 for any change of address)

70560 7590 11/12/2020 Certificate of Mailing or Transmission
LKGLOBAL (Dish Technologies L.L.C) I hereby certify that this Fee(s) Transmittal is being deposited with the United
R States Postal Service with sufficient postage for first class mail in an envelope
7010 E. COCHISE ROAD addressed to the Mail Stop ISSUE FEE address above, or being transmitted to
P g
SCOTTSDALE. AZ 85253 the USPTO via EFS-Web or by facsimile to (571) 273-2885, on the date below.
(Typed or printed name)
(Signature)
(Date)|
I APPLICATION NO. | FILING DATE | FIRST NAMED INVENTOR | ATTORNEY DOCKET NO. | CONFIRMATION NO. |
16/876,604 05/18/2020 DAVID F. BRUECK 066.0141X1C10 6495
TITLE OF INVENTION: APPARATUS, SYSTEM, AND METHOD FOR MULTI-BITRATE CONTENT STREAMING
| APPLN. TYPE | ENTITY STATUS I ISSUE FEE DUE I PUBLICATION FEE DUE | PREV. PAID ISSUE FEE | TOTAL FEE(S) DUE | DATE DUE |
nonprovisional UNDISCOUNTED $1200 $0.00 $0.00 $1200 02/12/2021

I EXAMINER | ART UNIT | CLASS-SUBCLASS |
PATEL, CHIRAG R 2454 709-219000
1. Change of correspondence address or indication of "Fee Address” (37 2. For printing on the patent front page, list
CFR 1.363). (1) The names of up to 3 registered patent attorneys
or agents OR, alternatively, 1

M| Change of correspondence address (or Change of Correspondence

Address form PTO/SB/122) attached (2) The name of a single firm (having as a member a

registered attorney or agent) and the names of upto 2
2 registered patent attorneys or agents. If no name is
listed, no name will be printed.

(] "Fee Address" indication (or "Fee Address" Indication form PTO/
SB/47; Rev 03-09 or more recent) attached. Use of a Customer
Number is required.

. ASSIGNEE NAME AND RESIDENCE DATA TO BE PRINTED ON THE PATENT (print or type)

9%}

PLEASE NOTE: Unless an assignee is identified below, no assignee data will appear on the patent. If an assignee is identified below, the document must have been previously
recorded, or filed for recordation, as set forth in 37 CFR 3.11 and 37 CFR 3.81(a). Completion of this form is NOT a substitute for filing an assignment.

(A) NAME OF ASSIGNEE (B) RESIDENCE: (CITY and STATE OR COUNTRY)

Please check the appropriate assignee category or categories (will not be printed on the patent) : (] Individual [ Corporation or other private group entity (] Government

4a. Fees submitted: [MIssue Fee (JPublication Fee (if required) [JAdvance Order - # of Copies
4b. Method of Payment: (Please first reapply any previously paid fee shown above)

(] Electronic Payment via EFS-Web [ Enclosed check (] Non-electronic payment by credit card (Attach form PTO-2038)

[ The Director is hereby authorized to charge the required fee(s), any deficiency, or credit any overpayment to Deposit Account No.

5. Change in Entity Status (from status indicated above)

NOTE: Absent a valid certification of Micro Entity Status (see forms PTO/SB/15A and 15B), issue
fee payment in the micro entity amount will not be accepted at the risk of application abandonment.
NOTE: If the application was previously under micro entity status, checking this box will be taken
to be a notification of loss of entitlement to micro entity status.

NOTE: Checking this box will be taken to be a notification of loss of entitlement to small or micro
entity status, as applicable.

M| Applicant certifying micro entity status. See 37 CFR 1.29

M| Applicant asserting small entity status. See 37 CFR 1.27

M| Applicant changing to regular undiscounted fee status.

NOTE: This form must be signed in accordance with 37 CFR 1.31 and 1.33. See 37 CFR 1.4 for signature requirements and certifications.

Authorized Signature Date
Typed or printed name Registration No.
Page 2 of 3
PTOL-85 Part B (08-18) Approved for use through 01/31/2020 OMB 0651-0033 U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
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UNITED STATES PATENT AND TRADEMARK OFFICE

UNITED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

P.O. Box 1450

Alexandria, Virginia 22313-1450

WWW.Uspto.gov

I APPLICATION NO. | FILING DATE | FIRST NAMED INVENTOR | ATTORNEY DOCKET NO. |  CONFIRMATION NO. |
16/876,604 05/18/2020 DAVID F. BRUECK 066.0141X1C10 6495
| EXAMINER |
70560 7590 1171212020
LKGLOBAL (Dish Technologies L.L.C.) PATEL, CHIRAG R
7010 E. COCHISE ROAD
SCOTTSDALE, AZ 85253 | ARTUNIT PAPERNUMBER |

2454

DATE MAILED: 11/12/2020

Determination of Patent Term Adjustment under 35 U.S.C. 154 (b)
(Applications filed on or after May 29, 2000)

The Office has discontinued providing a Patent Term Adjustment (PTA) calculation with the Notice of Allowance.

Section 1(h)(2) of the AIA Technical Corrections Act amended 35 U.S.C. 154(b)(3)(B)(i) to eliminate the requirement
that the Office provide a patent term adjustment determination with the notice of allowance. See Revisions to Patent
Term Adjustment, 78 Fed. Reg. 19416, 19417 (Apr. 1, 2013). Therefore, the Office is no longer providing an initial
patent term adjustment determination with the notice of allowance. The Office will continue to provide a patent term
adjustment determination with the Issue Notification Letter that is mailed to applicant approximately three weeks prior
to the issue date of the patent, and will include the patent term adjustment on the patent. Any request for reconsideration
of the patent term adjustment determination (or reinstatement of patent term adjustment) should follow the process
outlined in 37 CFR 1.705.

Any questions regarding the Patent Term Extension or Adjustment determination should be directed to the Office of
Patent Legal Administration at (571)-272-7702. Questions relating to issue and publication fee payments should be
directed to the Customer Service Center of the Office of Patent Publication at 1-(888)-786-0101 or (571)-272-4200.

Page 3 of 3
PTOL-85 (Rev. 02/11)
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OMB Clearance and PRA Burden Statement for PTOL-85 Part B

The Paperwork Reduction Act (PRA) of 1995 requires Federal agencies to obtain Office of Management and Budget
approval before requesting most types of information from the public. When OMB approves an agency request to
collect information from the public, OMB (i) provides a valid OMB Control Number and expiration date for the
agency to display on the instrument that will be used to collect the information and (ii) requires the agency to inform
the public about the OMB Control Number’s legal significance in accordance with 5 CFR 1320.5(b).

The information collected by PTOL-85 Part B is required by 37 CFR 1.311. The information is required to obtain
or retain a benefit by the public which is to file (and by the USPTO to process) an application. Confidentiality is
governed by 35 U.S.C. 122 and 37 CFR 1.14. This collection is estimated to take 30 minutes to complete, including
gathering, preparing, and submitting the completed application form to the USPTO. Time will vary depending upon
the individual case. Any comments on the amount of time you require to complete this form and/or suggestions
for reducing this burden, should be sent to the Chief Information Officer, U.S. Patent and Trademark Office,
U.S. Department of Commerce, P.O. Box 1450, Alexandria, Virginia 22313-1450. DO NOT SEND FEES OR
COMPLETED FORMS TO THIS ADDRESS. SEND TO: Commissioner for Patents, P.O. Box 1450, Alexandria,
Virginia 22313-1450. Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection
of information unless it displays a valid OMB control number.

Privacy Act Statement

The Privacy Act of 1974 (P.L. 93-579) requires that you be given certain information in connection with your
submission of the attached form related to a patent application or patent. Accordingly, pursuant to the requirements
of the Act, please be advised that: (1) the general authority for the collection of this information is 35 U.S.C. 2(b)
(2); (2) furnishing of the information solicited is voluntary; and (3) the principal purpose for which the information
is used by the U.S. Patent and Trademark Office is to process and/or examine your submission related to a patent
application or patent. If you do not furnish the requested information, the U.S. Patent and Trademark Office may not
be able to process and/or examine your submission, which may result in termination of proceedings or abandonment
of the application or expiration of the patent.

The information provided by you in this form will be subject to the following routine uses:

1. The information on this form will be treated confidentially to the extent allowed under the Freedom of
Information Act (5 U.S.C. 552) and the Privacy Act (5§ U.S.C 552a). Records from this system of records may
be disclosed to the Department of Justice to determine whether disclosure of these records is required by the
Freedom of Information Act.

2. A record from this system of records may be disclosed, as a routine use, in the course of presenting evidence
to a court, magistrate, or administrative tribunal, including disclosures to opposing counsel in the course of
settlement negotiations.

3. A record in this system of records may be disclosed, as a routine use, to a Member of Congress submitting
a request involving an individual, to whom the record pertains, when the individual has requested assistance
from the Member with respect to the subject matter of the record.

4. A record in this system of records may be disclosed, as a routine use, to a contractor of the Agency having
need for the information in order to perform a contract. Recipients of information shall be required to comply
with the requirements of the Privacy Act of 1974, as amended, pursuant to 5 U.S.C. 552a(m).

5. A record related to an International Application filed under the Patent Cooperation Treaty in this system of
records may be disclosed, as a routine use, to the International Bureau of the World Intellectual Property
Organization, pursuant to the Patent Cooperation Treaty.

6. A record in this system of records may be disclosed, as a routine use, to another federal agency for purposes of
National Security review (35 U.S.C. 181) and for review pursuant to the Atomic Energy Act (42 U.S.C. 218(c)).

7. Arecord from this system of records may be disclosed, as a routine use, to the Administrator, General Services,
or his/her designee, during an inspection of records conducted by GSA as part of that agency's responsibility
to recommend improvements in records management practices and programs, under authority of 44 U.S.C.
2904 and 2906. Such disclosure shall be made in accordance with the GSA regulations governing inspection
of records for this purpose, and any other relevant (i.e., GSA or Commerce) directive. Such disclosure shall
not be used to make determinations about individuals.

8. A record from this system of records may be disclosed, as a routine use, to the public after either publication of
the application pursuant to 35 U.S.C. 122(b) or issuance of a patent pursuant to 35 U.S.C. 151. Further, a record
may be disclosed, subject to the limitations of 37 CFR 1.14, as a routine use, to the public if the record was filed
in an application which became abandoned or in which the proceedings were terminated and which application
is referenced by either a published application, an application open to public inspection or an issued patent.

9. A record from this system of records may be disclosed, as a routine use, to a Federal, State, or local law
enforcement agency, if the USPTO becomes aware of a violation or potential violation of law or regulation.
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Application No. Applicant(s)
) B 16/876,604 BRUECK et al.
Notice of Allowability Examiner ArtUnit | AIA (FITF) Status
CHIRAG R PATEL 2454 No

-- The MAILING DATE of this communication appears on the cover sheet with the correspondence address--
All claims being allowable, PROSECUTION ON THE MERITS IS (OR REMAINS) CLOSED in this application. If not included
herewith (or previously mailed), a Notice of Allowance (PTOL-85) or other appropriate communication will be mailed in due course. THIS
NOTICE OF ALLOWABILITY IS NOT A GRANT OF PATENT RIGHTS. This application is subject to withdrawal from issue at the initiative
of the Office or upon petition by the applicant. See 37 CFR 1.313 and MPEP 1308.

1.4} This communication is responsive to the response filed on.
[J A declaration(s)affidavit(s) under 37 CFR 1.130(b) was/were filed on .

2.[J An election was made by the applicant in response to a restriction requirement set forth during the interview on ; the
restriction requirement and election have been incorporated into this action.

3. The allowed claim(s) is/are 1-29 . As a result of the allowed claim(s), you may be eligible to benefit from the Patent Prosecution
Highway program at a participating intellectual property office for the corresponding application. For more information, please see
http://www.uspto.gov/patents/init_events/pph/index.jsp or send an inquiry to PPHfeedback@uspto.gov.

4.[] Acknowledgment is made of a claim for foreign priority under 35 U.S.C. § 119(a)-(d) or (f).

Certified copies:
a) LJAIl b) (JSome  *c) [J None of the:
1. [0 Certified copies of the priority documents have been received.
2. [J Certified copies of the priority documents have been received in Application No.
3. [J Copies of the certified copies of the priority documents have been received in this national stage application from the
International Bureau (PCT Rule 17.2(a)).
* Certified copies not received:

Applicant has THREE MONTHS FROM THE "MAILING DATE" of this communication to file a reply complying with the requirements
noted below. Failure to timely comply will result in ABANDONMENT of this application.
THIS THREE-MONTH PERIOD IS NOT EXTENDABLE.

5] CORRECTED DRAWINGS (as "replacement sheets") must be submitted.

(O including changes required by the attached Examiner's Amendment / Comment or in the Office action of
Paper No./Mail Date .

Identifying indicia such as the application number (see 37 CFR 1.84(c)) should be written on the drawings in the front {(not the back) of each
sheet. Replacement sheet(s) should be labeled as such in the header according to 37 CFR 1.121(d).

6.(] DEPOSIT OF and/or INFORMATION about the deposit of BIOLOGICAL MATERIAL must be submitted. Note the
attached Examiner's comment regarding REQUIREMENT FOR THE DEPOSIT OF BIOLOGICAL MATERIAL.

Attachment(s)

1.0 Notice of References Cited (PTO-892) 5. (J Examiner's Amendment/Comment

2.0 Information Disclosure Statements (PTO/SB/08), 6. (J Examiner's Statement of Reasons for Allowance
Paper No./Mail Date .

3.0 Examiner's Comment Regarding Requirement for Deposit 7. (J Other .

of Biological Material
4.0 Interview Summary (PTO-413),
Paper No./Mail Date.
/CHIRAG R PATEL/
Primary Examiner, Art Unit 2454

U.S. Patent and Trademark Office .
PTOL-37 (Rev. 08-13) Notice of Allowability Part of Paper No./Mail Date 20201105
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Application/Control No.

Applicant(s)/Patent Under Reexamination

Search Nofes 16/876.604 BRUECK et al.
T Y
CHIRAG R PATEL 2454
CPC - Searched*
Symbol Date Examiner
HO04N19/34, HO4AN19/40, H0O4N21/234327 07/19/2020 C.P.
HO04N21/2662, H04N21/234327, H04N21/2393 07/19/2020 C.P.
HO04L65/80,H04L67/2842, H04L65/4069, H04L65/607, H04L65/608 07/19/2020 C.P.
CPC Combination Sets - Searched*
Symbol Date Examiner
US Classification - Searched*
Class Subclass Date Examiner

* See search history printout included with this form or the SEARCH NOTES box below to determine the scope of

the search.

Search Notes
Search Notes Date Examiner
EAST 07/19/2020 C.P.
EAST 11/05/2020 C.P.
Interference Search
US Class/CPC US Subclass/CPC Group Date Examiner
Symbol
HO4N HO4N21/2662, H04N21/234327, H04N21/2393 11/05/2020 C.P.
HO4L HO04L65/80, H04L67/2842, HO4L65/4069, HO4L65/

607, HO4LB5/608 11/05/2020 CP.

U.S. Patent and Trademark Office

Page 1 of 1

Part of Paper No.: 20201105
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Application/Control No. Applicant(s)/Patent Under Reexamination
Issue Classification |i¢s76 604 BRUECK ot al.
H “ “ ”H Examiner Art Unit
CHIRAG R PATEL 2454

CPC

Symbol Type Version
Ho4L F 2013-01:01
HOAL | 2013-01-01:
HO4L | 2013-01-01
HO4L | 2013-01-01
GO6F | 2019-01-01:
GOBF [ 2019-01:01
HOAL | 2013-01=01
HO4N | 2013-01-01
HO4N | 2013-01:01%:
HO4N I 2013-01-04
HO4N [ 2013-01:01
HO4N | 2013:01-01:
HO4L | 2013-01-01
HO4L | 2013-01-01
HO4L | 2013-01-01
Ho4L | 2013-01:01
HO4L | 2013-01-01
HO4L | 2013:01:01:
HO4N | 2013-01:01::
CPC Combination Sets

Symbol Type Set Ranking Version
NONE

Total Claims Allowed:

(Assistant Examiner) (Date) 29

/CHIRAG R PATEL/
Primary Examiner, Art Unit 2454

(Primary Examiner)

05 November 2020

(Date) 1 1

0O.G. Print Claim(s) | O.G. Print Figure

U.S. Patent and Trademark Office

Page 1 of 3

Part of Paper No.: 20201105
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Application/Control No. Applicant(s)/Patent Under Reexamination
Issue Classification |i¢s76 604 BRUECK ot al.
H “ “ ”H Examiner Art Unit
CHIRAG R PATEL 2454

INTERNATIONAL CLASSIFICATION
CLAIMED
HO4L
NON-CLAIMED

US ORIGINAL CLASSIFICATION

CLASS SUBCLASS

CROSS REFERENCES(S)

CLASS SUBCLASS (ONE SUBCLASS PER BLOCK)

NONE
Total Claims Allowed:
(Assistant Examiner) (Date) 29
/CHIRAG R PATEL/ 05 November 2020 . . A
Primary Examiner, Art Unit 2454 0O.G. Print Claim(s) | O.G. Print Figure
(Primary Examiner) (Date) 1 1
U.S. Patent and Trademark Office

Part of Paper No.: 20201105

Page 2 of 3
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Application/Control No. Applicant(s)/Patent Under Reexamination
Issue Classification |i¢s76 604

BRUECK et al.
H “ “ ”H Examiner Art Unit
CHIRAG R PATEL 2454

Claims renumbered in the same order as presented by applicant (] CPA T.D. O R1.47
CLAIMS

Final |Original|Final OriginallFinaI Original|Final |Original|Final OriginallFinaI Original|Final |Original|Final |Original
1 10 19 28
2 11 20 29
3 12 21
4 13 22
5 14 23
6 15 24
7 16 25
8 17 26
9 18 27
NONE
Total Claims Allowed:
(Assistant Examiner) (Date) 29
/CHIRAG R PATEL/ 05 November 2020 ) . -
Primary Examiner, Art Unit 2454 0O.G. Print Claim(s) | O.G. Print Figure
(Primary Examiner) (Date) 1 1
U.S. Patent and Trademark Office Part of Paper No.: 20201105
Page 3 of 3
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Index of Claims

16/876,604

Application/Control No.

Applicant(s)/Patent Under Reexamination

BRUECK et al.

CHIRAG R PATEL

Art Unit

2454

v | Rejected

- Cancelled

Non-Elected A Appeal

= Allowed

+ | Restricted

Interference O | Objected

CLAIMS

Claims renumbered in the same order as presented by applicant

O cpa T.D. O R.1.47

CLAIM

DATE

Final Original | 07/20/2020

11/05/2020

N CN N AN TN ON £ O AN BN O O Ol ON| RN £ O O N AN EN O EN AN ENTEN O ENUEN

U.S. Patent and Trademark Office

Page 1 of 1

Part of Paper No.: 20201105
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EAST Search History

EAST Search History (Prior Art)

.Ref Hits: Search Query ~ DBs  Default Plurals Time
- # - Operator . Stamp
'S1 8  (("10659513") or ("9998516") or 'US-PGPUB; ' OR OFF  2020/07/19 .
f :("9571551") or ("9071668") or 'USPAT; :08:58 :
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Doc code: RCEX PTO/SB/30EFS {07-09)

Doc description: Request for Continued Examination (RCE) Approved for use through 07/31/2012. OMB 0851-0031
U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

REQUEST FOR CONTINUED EXAMINATION(RCE)TRANSMITTAL
(Submitted Only via EFS-Web)

Application | } oq7eana Filing | boo0.05-18 Docket Number | y0q 141x1c10 Art 1 basg
Number Date (if applicable) Unit

First Named| i £ Brueck Examiner Chirag R. Patel

Inventor Name

This is a Request for Continued Examination (RCE) under 37 CFR 1.114 of the above-identified application.
Request for Continued Examination (RCE) practice under 37 CFR 1.114 does not apply to any utility or plant application filed prior to June 8,
1995, or to any design application. The Instruction Sheet for this form is located at WWW . USPTO.GOV

SUBMISSION REQUIRED UNDER 37 CFR 1.114

Note: If the RCE is proper, any previously filed unentered amendments and amendments enclosed with the RCE will be entered in the order
in which they were filed unless applicant instructs otherwise. If applicant does not wish to have any previously filed unentered amendment(s)
entered, applicant must request non-entry of such amendment(s).

I:l Previously submitted. If a final Office action is outstanding, any amendments filed after the final Office action may be considered as a
submission even if this box is hot checked.

|:| Consider the arguments in the Appeal Brief or Reply Brief previously filed on

[ ] Other

X Enclosed

[] Amendment/Reply
g Information Disclosure Statement (IDS)

|:| Affidavit(s)/ Declaration{s)

[] Other

MISCELLANEOUS

|:| Suspension of action on the above-identified application is requested under 37 CFR 1.103(c) for a period of months
{Period of suspension shall not exceed 3 months; Fee under 37 CFR 1.17(i) required)

[] Other

FEES

The RCE fee under 37 CFR 1.17(e) is required by 37 CFR 1.114 when the RCE is filed.
|Z| The Director is hereby authorized to charge any underpayment of fees, or credit any overpayments, to
Deposit Account No |502091
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U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.
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BRETT A. CARLSON/

Date (YYYY-MM-DD) (R020-11-17 I

Name
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Registration Number
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This collection of information is required by 37 CFR 1.114. The informaticn is required to obtain or retain a benefit by the public which is to
file (and by the USPTO to process) an application. Confidentiality is governed by 35 U.S.C. 122 and 37 CFR 1.11 and 1.14. This collection is
estimated to take 12 minutes to complete, including gathering, preparing, and submitting the completed application form to the USPTO. Time
will vary depending upon the individual case. Any comments on the amount of time you require to complete this form and/or suggestions for
reducing this burden, should be sent to the Chief Information Officer, U.S. Patent and Trademark Office, U.S. Department of Commerce,
P.O. Box 1450, Alexandria, VA 22313-1450.

If vou need assistance in completing the form, call 1-800-PT0O-9199 and select option 2.
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Privacy Act Statement

The Privacy Act of 1974 {(P.L. 93-579) requires that you be given certain information in connection with your submission of the
attached form related to a patent application or patent. Accordingly, pursuant to the requirements of the Act, please be
advised that: (1) the general authority for the collection of this information is 35 U.S.C. 2(b)(2); (2) furnishing of the information
solicited is voluntary; and (3) the principal purpose for which the information is used by the U.S. Patent and Trademark Office
is to process and/or examine your submission related to a patent application or patent. If you do not furnish the requested
information, the U.S. Patent and Trademark Office may not be able to process and/or examine your submission, which may
result in termination of proceedings or abandonment of the application or expiration of the patent.

The information provided by you in this form will be subject to the following routine uses:

1.

The information on this form will be treated confidentially to the extent allowed under the Freedom of Information
Act (5 U.S.C. 552) and the Privacy Act (5 U.S.C. 552a). Records from this system of records may be disclosed to the
Department of Justice to determine whether the Freedom of Information Act requires disclosure of these records.

A record from this system of records may be disclosed, as a routine use, in the course of presenting evidence to a
court, magistrate, or administrative tribunal, including disclosures to opposing counsel in the course of settlement
negotiations.

A record in this system of records may be disclosed, as a routine use, tc a Member of Congress submitting a
request involving an individual, to whom the record pertains, when the individual has requested assistance from the
Member with respect to the subject matter of the record.

A record in this system of records may be disclosed, as a routine use, to a contractor of the Agency having need
for the information in order to perform a contract. Recipients of information shall be required to comply with the
requirements of the Privacy Act of 1974, as amended, pursuant to 5 U.S.C. 552a(m).

A record related to an International Application filed under the Patent Cooperation Treaty in this system of records
may be disclosed, as a routine use, to the International Bureau of the World Intellectual Property Organization,
pursuant to the Patent Cooperation Treaty.

A record in this system of records may be disclosed, as a routine use, to another federal agency for purposes of
National Security review (35 U.S.C. 181) and for review pursuant to the Atomic Energy Act (42 U.S.C. 218(c)).

A record from this system of records may be disclosed, as a routine use, to the Administrator, General Services,
or his/her designee, during an inspection of records conducted by GSA as part of that agency's responsibility to
recommend improvements in records management practices and programs, under authority of 44 U.S.C. 2904 and
2906. Such disclosure shall be made in accordance with the GSA regulations governing inspection of records for this
purpose, and any other relevant (i.e., GSA or Commerce) directive. Such disclosure shall not be used to make
determinations about individuals.

A record from this system of records may be disclosed, as a routine use, to the public after either publication of
the application pursuant to 35 U.S.C. 122(b) or issuance of a patent pursuant to 35 U.S.C. 151. Further, a record may
be disclosed, subject to the limitations of 37 CFR 1.14, as a routine use, to the public if the record was filed in an
application which became abandoned or in which the proceedings were terminated and which application is
referenced by either a published application, an application cpen to public inspections or an issued patent.

A record from this system of records may be disclosed, as a routine use, to a Federal, State, or local law
enforcement agency, if the USPTO becomes aware of a violation or potential violation of law or regulation.
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IDS CERTIFICATION STATEMENTS

THIS IDS IS BEING FILED UNDER 37 ©.F.R, 1.97{b}: {check one box}
0 Within three months of the filing date of a national application other than a continued prosecution application under
1530y,

L__l Within three months of the date of entry of the national stage as set forth in 1.491 in an international
apptlication.

Before the malling date of a first Office Action on the merits. in the event that a first Office Action on the meriis has been
D mailed, pleasa consider this 1DS under 37 C.F.R. 1.97(c) and sea the stalement under 1.87(e) or charge deposit account
50-2091 the fee apecified by 37 C.F.R. 1.17(p) if such statement is not selected in Section IV,

Before the malling of a first Office Action after the filing of a requiest for continued examination under 1.114.

THISIDS IS BEING FILED UNDER 37 C.F.R, 1.97{c}:

After the period specified in 37 C.F.R. 1.87(b) and before the maliing date of any of a final action under 1,113, a notice of
allowance under 1.311 or an action that oihenwise closes prosecution in the application, and accompanied by:

O

D a statement spacified in 1.87(e) as subsequeantly provided in this 10S; or
O he tee set forthin 1.17(p).

THIS IBS IS BEING FILED UNDER 37 C.F.R. 1.87{d}):
After the period specified in 37 C.F.R. 1.97(c) and on or after the malling date of any of a final action under 1.113, a notice of
aliowance under 1.311 or an action that otherwise closes prosecution in the application, put before or simultanecus with

D payment of the issue fee, and accompanied by a statement specified in 1.87(e) as subsequently provided in this IDS and the
fee set forthin 4 17¢p).

Statement under 37 C.F.R, 1.97{e} {check oniy one box}
The undersigned hereby states that:

Each ifem of information coniained in the 1DS was first ciled in any communication from a foreign patent office in a
D counterpart foreign apglication nol more than thres months prior to the filing of this 1DS.

No item of information contained in the DS was cited in a communication from a foreign patent office in a counterpart

foreign application, and, 1o knowledge of the person signing the cerification after making reasonable inguiry, no item of
D information containad in the DS was known to any individual designated in 37

C.F.R. 1.58(c) more than three months prior to the filing of this 1D,

Statement under 37 C.F.R. §1.704{d}:

The undersigned hereby states that each fem of information contained in the information disclosure statemeant: {iy was first
cited in any cemmunication from a patent office in a counterpart foreign or intemational application or from the Office, and

D this communication was not received by any individual designated in § 1.56(c) more than thirty days prior to the filing of the
information disclosure statement; or (i} is a communication that was issued by a patent office in a counterpart foreign or
international application or by the Office, and this communication was not received by any individual designated in §
1.56(c} more than thirty days prior 1o the filing of the information disclosure staternant..

CONCLUSION

it is respectfully submitied that the claims presently on file patently distinguish the present invention from each of the
refarences cited in this ID8. The references cited in this IDS are being cited only in the interest of candor and without
any admission that they constitite statutory prior art or contain matter which anticipates the invention or which would
render the same obvious, either singly or in a combination, {0 a person of ordinary skill in the art. Furthermore the
filing of this IDS shouid not be construed to be an admission that the information cited in this D8 s, or is considered {0
he, material to palentabilily as defined in 1.58{b). iIn addition, the filing of this IDS should nol be consirued as a
representation that a search has been made.

if the Examiner has any quesiions conceming this DS, the Examiner is requested to coniact the undersigned al the
telephone number associated with Customer No. 70560 . If it is delermined thal this 1DS has been filed under the
wrong rule, the PTO is requested to consider this IDS under the proper rule, with a petition if necessary, and charge
the appropriate fee to Deposit Account No. 50-2081.
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TRANSFERT CONTINU DE DONNEES
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TRANSFER
(57)

Files (2750) are divided into parts (2716, 2718)
and at least some of the parts are transmitted to a
client using a communication channel. At least some of
the transmitted parts are cached locally. This allows
subsequent streaming playback of the file while using
'less bandwidth by transmitting the part of the file
that hasn't been cached, and combining the cached parts
with the tramitted parts. In some embodiments, files
may be represented at a low quality level by a first
data set (2804), and at higher quality levels with
additional data sets (2806). Data sets are cached
locally, so that during subsequent streaming playback
of the file, the quality level of the playback may be
improved by sending additional data sets using
bandwidth that would otherwise be dedicated to
transmitting the cached data sets.
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using 'less bandwidth by transmitting the part of the file that hasn't been cached, and combining the cached parts with the
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tramitted parts. In some embodiments, files may be represented at a low quality level by a first data set (2804), and at higher
quality levels with additional data sets (2806). Data sets are cached locally, so that during subsequent streaming playback of the
file, the quality level of the playback may be improved by sending additional data sets using bandwidth that would otherwise be

dedicated to transmitting the cached data sets.
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(57) Abstract: Files (2750) are divided into parts
(2716, 2718) and at least some of the parts are
transmitted to a client using a communication
channel. At least some of the transmitted parts are
cached locally. This allows subsequent streaming
playback of the file while using ’less bandwidth
by transmitting the part of the file that hasn’t been
cached, and combining the cached parts with the
tramitied parts. In some embodiments, [iles may be
represented at a low quality level by a first data set
(2804), and at higher quality levels with additional
data sets (2806). Data sets are cached locally, so that
during subsequent streaming playback of the file,
the quality level of the playback may be improved
by sending additional data sets using bandwidth that
would otherwise be dedicated to transmitting the
cached data sels.
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FILE SPLITTING, SCALABLE CODING, AND
ASYNCHRONOUS TRANSMISSION IN STREAMED DATA
TRANSFER

Cross-Reference to Related Application

[0001] This application is a continuation-in-part of U.S. Patent Applica-
tion Serial Number 09/846,823, filed on April 30, 2001, Patent No. X, XXX, XXX, the
disclosure of which is incorporated by reference, and which claimed priority from
U.S. Provisional Application Serial Number 60/201,622, filed May 3, 2000, the disclo-
sure of which is incorporated by reference. The present application also claims prior-
ity from provisional U.S. Patent Application Serial No. 60/337,939, for “File Splitting,
Scalable Coding, and Asynchronous Transmission in Streamed Data Transfer,” filed

November 9, 2001, the disclosure of which is incorporated by reference.

Background of the Invention

Field of the Invention

[0002] The present invention is related to delivery of streamed programs
such as audio and video, and more particularly to systems and methods providing
improved control, efficiency, and quality of such streamed transmissions using file

splitting, scalable coding, and asynchronous transmission.
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Description of the Background Art

[0003] Delivery of audio and video programs over the Internet provides
several advantages over conventional broadcast media such as radio and television.
Unlike broadcast media, which require users to receive programs at particular times,
or to record them for later use, Internet delivery allows users to select and receive
programs upon demand, at a time that is convenient to them. For example, a user
may browse to a news story, presented in text format, and click on a link that initiates
playback of an audio report on the news item. Users may also click on links to hear
songs or song samples, as is common in e-commerce sites, such as amazon.com or
cdnow.com, in order to permit users to sample songs before purchasing compact
discs (CDs). Internet delivery of audio programming may also be used for imple-
menting personalized radio stations, which deliver music tracks selected in response
to the tastes of particular users. Similar functionality is available for the delivery of
video programs on demand, allowing users to view sports highlights, news reports,
music videos, and even films and television shows, over the Internet.

[0004] Software for playing back such audio and video files is known in the
art, including for example the Windows Media Player from Microsoft Corporation,
and the RealPlayer from Real Networks, Inc. Functionality for audio and video de-
livery may also be built into browsers such as Netscape Navigator and Microsoft
Internet Explorer.

[0005] One disadvantage of Internet delivery of audio and video programs
is the relatively limited bandwidth that is available for any particular program. Com-
pared with broadcast media, such as radio, television (over-the-air or cable), and the
like, typical Internet connections offer far less bandwidth and thus limit the amount
of information that may be transmitted to the end user in a given period of time.
Thus, even with the application of aggressive compression algorithms, sound quality
and picture quality of streamed programs received over the Internet tend to be
substandard. For example, due to the limited number of bits available, existing
Internet delivery schemes fail to provide received audio programs at a quality ap-
proaching that of CDs.
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[0006] As an alternative to streamed programs, and in order to imprave
quality of the received programs, users may download programs and then, subse-
quent to downloading them, play the received program via their computers. Since
the program is not being viewed or listened to in “real time,” more time is available
to transmit and receive the program, so that larger files may be provided, and better
quality achieved. However, it may take many minutes, or even hours, to download a
short program at a reasonable level of quality. Thus, such a scheme does not provide
the user with an immediate listening or viewing experience; rather, the user must

wait until the program is downloaded before it can be viewed or listened to.
Summary of the Invention

[0007] The present invention provides improved quality, security, and effi-
ciency for streamed programs, by combining received streamed data with previously-
stored (cached) data. In one embodiment, a program file containing program data
such as audio, video, or the like, is split into two or more sections. In one embodi-
ment, each section is not usable on its own to provide program output (e.g., audio
signals where the program file is an audio file), but can only be used when recom-
bined with the remaining sections. In one embodiment, one section of the split data is
considerably smaller than the other section(s). This splitting allows the second sec-
tion to be cached by a client machine without a danger that the client has a persistent
usable copy of the original file. This allows the benefits of caching to be realized
without providing users with unauthorized persistent copies of files.

[0008] For example, the second section may be transmitted in advance of
the actual playback of a program file, thus avoiding bottlenecks that may result when
the entire program file is transmitted upon user demand. Until the first section is
transmitted, the user will not be able to play the program file. The smaller first sec-
tion may be streamed to allow playback of the program file. The first section is dis-
carded after playback so that no persistent usable copy of the program file remains on
the user’s machine. The second section remains cached, allowing future streaming

playback to be performed efficiently. The ability to not provide a persistent usable

3
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copy of the program file can be advantageous because copyright holders may not
wish to authorize such persistent copies, since the persistent copy could cannibalize
revenues from sales of the program file in a tangible medium (such as audio CDs), or
paid future downloads, streamed or otherwise, of the program file.

[0009] Alternatively, the program file is split into sections in order to pro-
vide scalability in the playback quality level. The first section is playable at a rela-
tively low quality level. Additional sections of data may be added to the first section
to increase the quality level. Thus, the program file may be downloaded and played
at a quality level determined by the bandwidth of the connection. The sections may
be cached so that when it is desired to play the program file again, additional sections
may be downloaded and added for higher quality playback.

[0010] Insome embodiments, a persistent copy of a playable version of the
program file is not stored on the client. The additional sections are not playable with-
out the first level. Thus, the additional sections may be cached, so that the file can be
played back by combining a downloaded first section with cached additional
sections.

[0011]  The file splitting and scalable coding embodiments may also both be
used on the same program file. This allows most of the file to be cached while still
providing the server control over when the file may be played back. Italso allows
subsequent playbacks of the file after the first to be progressively higher quality as |

more of the scalable sections are transmitted with every playback.
Brief Description of the Drawings

[0012]  Fig. 1A is a block diagram of a functional architecture.

[0013]  Fig. 2is a block diagram of a conceptual architecture for one em-
bodiment.

[0014]  Figs. 3A and 3B illustrate a method for splitting a program file
according to one embodiment of the present invention.

[0015]  Figs. 3C and 3D illustrate a method of receiving and playing a previ-

ously split program file according to one embodiment of the present invention.
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[0016] Fig. 4A illustrates an example of a scalably-coded program file.

[0017]1  Fig. 4B is a block diagram illustrating the use and combination of
primary data and secondary data to provide different playback quality levels.

[0018]  Figs. 4C and 4D depict examples of scalable coding according to one
embodiment of the present invention.

[0019] Figs. 5A and 5B depict techniques for combining file splitting and

scalable coding according to one embodiment of the present invention .
Detailed Description of the Preferred Embodiments

[0020] The following description of preferred embodiments of the present
invention is presented in the context of an Internet-based jukebox or personalized ra-
dio station where it is desirable to stream music files. One skilled in the art will rec-
ognize that the present invention may be implemented in many other domains and
environments, both within the context of musical files, and in other contexts. Accord-
ingly, the following description, while intended to be illustrative of a particular im-
plementation, is not intended to limit the scope of the present invention or its appli-
cability to other domains and environments. Rather, the scope of the present inven-

tion is limited and defined solely by the claims.

Architecture Overview

[0021] Referring now to Fig. 2, there is shown a conceptual architecture of
one embodiment of the present invention. In the architecture of Fig. 2, the invention
is implemented in connection with a web-based “jukebox” 103, or personalized radio
station.

[0022] Stream delivery system 150 interacts with jukebox 103 to specify a
sequence of audio files to deliver to jukebox 103. In some embodiments, this jukebox
103 may run on a client such as a personal computer, while the stream deliver server
system is part of a remote server, connected to the client via a network. Jukebox 103
transmits requests to stream delivery system 150, and stream delivery system 150 de-
livers the audio files, as tracks, to jukebox 103. Stream delivery system 150 also com-~

municates with real-time subscription authorization module 157, which includes real-
5
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time server 154 and database 156 that keep track of which user accounts are active
and enforces global business rules about which accounts can listen to the radio at a
given time. Within stream delivery system 150, there are a number of distinct soft-
ware entities. Radio sequence generator 1613 receives requests from jukebox 103, re-
ceives format definitions 1611 and general constraints 1616, and receives recommen-
dations from recommendation engine 107, to generate track selections to be transmit-
ted to jukebox 103. The track selections generated by radio sequence generator 1613
specify which files to play according to estimated listener preferences as well as pre-
determined station formats. Authorization and content server 1614 keeps a record of
the files that are selected by radio sequence generator 1613; server 1614 is consulted
by radio sequence generator 1613 when files are requested. If generator 1613 does not
provide the necessary security information, server 1614 flags this anomaly and de-
clines to provide the data.

[0023] Referring now to Fig. 1A, there is shown a block diagram of a func-
tional architecture for one embodiment of the present invention. Content index 110
provides a concise index of content stored in database 102, and is generated by
conventional index generation means, to enable more efficient searching and

updating of database 102.

Stream Delivery

[0024] In one embodiment, program files, such as audio files, are deliv-
ered to users as streamed data. The relationship discovery engine described in U.5.
Patent Application Serial Number 09/846,823, filed on April 30, 2001, Patent No.
X, XXX, XXX, describes one way to implement a personalized radio station, which may
be used in conjunction with the present invention. The radio sequence transmitter
121 may deliver units of data to jukebox 103 in a format wherein each unit encodes a
period of music. Since radio stations typically repeat their programming several
times, it is beneficial to cache the data units in order to reduce the amount of trans-
mitted data. In addition, if a sufficiently large time scale is used, different channels of
the radio station may have considerable overlap among currently playing selections
that are being delivered to various users. By identifying these common units, trans-

6
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mitter 121 can take advantage of further economies of transmission, so as to provide
more efficient delivery of audio data.

[0025] In one embodiment, the transmitter 121 employs file splitting to
improve the streaming performance, and provide streaming performance even in
situations where channel capacity would otherwise be insufficient to provide the de-
sired level of quality. In some embodiments, files are split prior to being stored in the
content database 102 or with the compressed signal files 1615. In other embodiments,
the files 101 are stored in the content database 102 or with the compressed signal files
1615 without first being split; the files are then split prior to being transmitted to a
user for playback.

[0026] Fig. 3A is a flow diagram illustrating a method of splitting and
storing a program file (such as a bitstream) containing program data such as audio,
video, or the like, according to one embodiment. The process begins with the unsplit
file 2710. Prior to being split, the file 2710 may be encoded and/or compressed 2712,
although such operations are not essential to the present invention. Next the file 2710
is split 2714 into two or more parts, resulting in at least a first part 2716 of the file and
a second part 2718 of the file. Particular techniques for splitting 2714 file 2710 are de-
scribed in more detail in connection with Fig. 3B below. In one embodiment, the sec-
ond part 2718 is substantially larger than the first part 2716. The file may be split 2714
into more than two parts. The parts 2716 and 2718 of the file 2710 are then stored
2720 in the content database 102 or with the compressed signal files 1615, or in some
other location for later transmission. Alternatively, in an embodiment wherein files
are split 2714 immediately prior to being transmitted, parts 2716 and 2718 are trans-
mitted 2720 to an end user or remote computer for playback.

[0027] Fig. 3B is a block diagram illustrating an example of a method of
splitting 2714 file 2710 into parts 2716, 2718 according to one embodiment. In the il-
lustrated example, the file 2710 has M bits 2722-1 through 2722-M. The system gener-
ates first part 2716 of the file 2710 by taking N out of every P bits. The system gener-
ates second part 2718 of the file by taking the remaining P-N out of every P bits. In
Fig. 3B, N is equal to one, and P is equal to four. Thus, the system assigns first bit

2722-1 to first part 2716, and assigns the next three bits 2722-2 through 2722-4 to sec-
7
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ond part 2718. The system then assigns fifth bit 2722-5 to first part 2716 and the next
three bits 2722-6 through 2722-8 to second part 2718. The system repeats this pattern
until all the bits of the file 2710 have been assigned to one of first and second parts
2716, 2718. In short, then, the system divides file 2710 into sections, with the first bit
(or some other bit) of each section being sent to the first part 2716, and the remaining
bits of each section being sent to the second part 2718. In general, the splitting tech-
nique of the present invention results in two or more sections 2716, 2718 each of
which cannot be played back on its own, but can be played only when recombined
with the other section or sections.

[0028] In one embodiment, N is equal to one, and P is equal to twenty, so
that the first part 2716 is approximately 5% the size of the original file 2710, and the
second part 2718 is approximately 95% the size of the original file 2710.

[0029] One skilled in the art will recognize that the system of the inven-
tion is not limited to file-splitting by bits, but may split files according to other units,
such as bytes, or simply an arbitrary unit size. Alternatively, other file-splitting tech-
niques may be used. For example, the system can include all headers, compression
table selectors and scale factors into the first section 2716, and include alt encoded
program data (such as audio or video) into the second part 2718. Other methods of
splitting the file 2710 into two or more parts may also be used.

[0030] In general, it is desirable in most embodiments that each part of the
file 2710 is not decodable or able to be played back on its own, but can only be de-
coded and/or played back when recombined with the remaining part(s). This allows
a part to be handled, transmitted, cached, or otherwise processed, without concerns
that a user may permanently store and reuse an unauthorized copy of the program.
Since a part cannot be used independently to recreate a recognizable facsimile of the
signal in the original file 2710, the part can be cached by a client machine without any
danger that the client has been given an unauthorized, useable petsistent copy of the
program file 2710. The ability to not provide a persistent usable copy of the program
file can be advantageous because copyright holders may not wish to authorize such

persistent copies, since the persistent copy could cannibalize revenues from sales of
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the program file in a tangible medium (such as audio CDs), or paid future
downloads, streamed or otherwise, of the program file.

[0031] Fig. 3C is a flow diagram illustrating a method of receiving and
playing a previously split program file according to one embodiment of the present
invention. When a file is to be transmitted from stream delivery system 150 to the
jukebox 103, the jukebox 103 or server 1614 determines 2724 whether the second part
2718 of the file 2710 has previously been stored, or cached, locally and is available for
retrieval. If the second part 2718 is not available locally for retrieval, jukebox
103requests transmission of both parts 2716, 2718 of the file 2710. In response, server
1614 retrieves the requested parts 2716, 2718 from the files 1615 or the content data-
base 102 (depending on where the parts 2716, 2718 have been stored), and transmits
both the parts 2716, 2718 of the file 2710 to the jukebox 103, which receives 2726 them.
Alternatively, if the files 2710 are stored unsplit, server 1614 retrieves the file 2710 to
be sent, splits the requested file according to techniques described above, and then
transmits the parts 2716, 2718 to the jukebox 103, which receives 2726 them.

[0032] Upon receiving 2726 parts 2716, 2718, in one embodiment the juke-
box 103 stores 2732 the second part 2718 locally, so as to avoid the need to retransmit
the second part 2718 if it is needed in the future. The jukebox 103 combines 2728 both
parts 2716, 2718, and plays back 2730 the recombined program file 2710. This recep-
tion 2726, combination 2728, and playback 2730 may all take place concurrently, for
example according to a streamed transmission methodology. In one embodiment, as
the bits arrive at the jukebox 103, they are combined 2728 and played back 2730; the
jukebox 103 need not wait until the entirety of the parts 2716, 2718 are received 2726
before combining 2728 and playing them back 2730. In one embodiment, the recom-
bined file 2710 and the first part 2716 are discarded 2731 after or during playback.
Since the cached second part 2718 represents only a portion of the program file 2710
and in one embodiment cannot be decoded or played back on its own, the invention
prevents users from retajning an unauthorized playable copy of the program file
2710. Ultimate control over the user’s playback of the program file 2710 thus remains
with the server 1614, since the stored second part 2718 cannot be used to play back of

the file 2710 until the server 1614 retransmits the first part 2716.
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[0033] If the second part 2718 has been received and stored locally in a
prior session, jukebox 103 requests transmission of only the first part 2716 of the file
2710. Intesponse, server 1614 retrieves the requested first part 2716 from the files
1615 or the content database 102, and transmits the first part 2716 to the jukebox 103,
which receives 2734 it. Alternatively, if the files 2710 are stored unsplit, server 1614
retrieves the file 2710 to be sent, splits the requested file according to techniques de-
scribed above, and then transmits the first part 2716 of the file 2710 to the jukebox 103,
which receives 2734 it. The jukebox 103 retrieves 2736 the second part 2718 from local
storage and combines 2738 the first and second parts 2716, 2718 to reconstruct the file
2710. The jukebox 103 plays back 2740 the reconstructed program file 2710. In one
embodiment, as the bits arrive at the jukebox 103, they are combined 2738 with the
stored second part 2718 to form a representation of the program file and played back
2740; the jukebox 103 need not wait until the entirety of the first part 2716 is received
2734 before combining and playing back the program. In other words, playback 2740
may take place while the first part 2716 is being streamed. As described above, in one
embodiment, the recombined file 2710 and the first part 2716 are discarded‘2731 after
or during playback.

[0034] As can be seen from the description above, it is not necessary to
transmit the second part 2718 more than once. The second part 2718 can be stored lo-
cally after the first transmission, so that, in one embodiment, only the first part 2716
need be transmitted for subsequent streaming playback of the program file 2710.
Since in some embodiments the stored second part 2718 is substantially larger than
the first part 2716, the present invention greatly reduces bandwidth requirements for
streaming playback of the program file 2710. After the second part has been stored
locally 2732, even clients with slow connections may effectively stream the program
file 2710. Thus, from the user’s perspective, the program file 2710 appears to be
streamed in a manner equivalent to conventional streaming.

[0035] In addition, the described file splitting may provide advantages in
licensing distribution of programs for playback by users. The file splitting benefits
the licensor because the user does not receive a persistent usable copy of the program

file, and the server retains control of playback of the program file 2710. This is advan-
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tageous because in contexts where blanket licensing or compulsory licensing is avail-
able for providing streamed data, in audio programming for example, a persistent
copy would cannibalize revenues from future licensed streamed data downloads, and
lack of control would make collecting licensing revenues difficult. The file splitting
benetfits users who do not want to wait while a large file is transmitted and received
before accessing the program file. By splitting the file and storing part locally, trans-
mission of large and unwieldy amounts of data in real-time is unnecessary. The user
has quick access to the program file, even if he or she is using a slow communication
channel.

[0036] The present invention thus improves efficiency in the transmission
of program files such as audio or video files, and helps avoids bottlenecks associated
with conventional streaming techniques, while still providing control and security.

[0037] Fig. 3D is a flow diagram illustrating a method of receiving and
playing a previously split program file according to one embodiment of the present
invention, so as to provide improved streaming performance from a user’s perspec-
tive, even if adequate bandwidth to stream the entire file 2710 is not available,
through advance downloading of the second section 2718. For example, the second
section 2718 may be transmitted in advance of the actual playback of an audio or
video program in a first session, thus avoiding potential bottlenecks that may result
when the entire program file 2710 is transmitted upon user demand according to
streamed techniques. Advance transmission can be performed at off-peak times, thus
avoiding bandwidth bottlenecks. This advance transmission can occur when the user
is not actually listening to music, so as to facilitate improved usage of an otherwise
idle network connection.

[0038] The jukebox 103 determines 2742 which program files are likely to
be requested by a user, so that at idle times it can transfer data that is likely to be use-
ful in the future. Such determination may be made, for example, by using the learned
artist relationships described in U.S. Patent Application Serial Number 09/846,823,
filed on April 30, 2001, Patent No. X,XXX, XXX, in order to “guess” which tracks the
user is most likely to request in the future. Alternative methods of determination

may also be used. In some embodiments, the files the user will likely want may be
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known, such as when the user listens to a personalized radio station, or tends to listen
to a particular online radio station. Such radio stations often have a list of the files
that will be streamed later. Thus, this list can be used to determine 2742 what files
will be required.

[0039] After the jukebox 103 determines 2742 what files will likely be re-
quired, the jukebox 103 requests the second parts 2718 of the files at a time when the
conmnection is idle, or when sufficient bandwidth exists to transmit files. The authori-
zation and content server 1614 then transmits 2744 the requested second parts 2718 to
the jukebox 103. The jukebox 103 locally stores 2746 the second parts 2718 to the files.
At a later time, when a user requests that a program file 2710 be streamed, the juke-
box 103 requests the first part 2716 of the program file 2710, as described above. In
response, authorization and content server 1614 transmits 2748 the first part 2716.
The jukebox 103 combines 2750 the received first part 2716 with the stored second
part 2718 to form a representation of the file 2710 and plays back 2752 the representa-
tion of the file 2710. Such a technique permits higher-quality playback than would
otherwise be available, by pre-transmitting a significant portion of the data needed
for playing back the media program. As described above, in one embodiment, the
recombined file 2710 and the first part 2716 are discarded 2754 after or during play-
back.

[0040] In one alternative embodiment, instead of transmitting 2744 the
second parts 2718 over a network, the second parts 2718 may be stored on physical
media (such as a compact disc or floppy disk). That physical media is then physically
sent to the location of the jukebox 103, where it can act as a local storage device, or the
second parts 2718 may be transferred from the physical media to desired local stor-
age. Thus, even for slow network connections, or for very large files, the user may
enjoy a streaming experience, while the server retains control of the program file.

[0041] In another embodiment, the file is further split according to cir-
cumstances surrounding its transmission. The stream delivery system 150 begins to
transmit all or part of the program file, such as an audio file, to the jukebox 103.
When the program file, or part of the program file is partially transmitied, transmis-

sion is stopped. This stop can occur because of a disconnection between the stream
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delivery system 150 and the jukebox 103, because a user wishes to stop transmission
and use the bandwidth for other purposes (such as when skipping to the next
streamed song in a personalized radio station), or other reasons. The partially trans-
mitted section of the program file or part of the program file is stored locally. Then,
at a later time, the rest of the program file or part of the program file is transmitted
and combined with the stored part. Such a process is more efficient than starting to
transmit the entire program file or part of the program file from the beginning if it
was not completely transmitted in a prior session.

[0042] In one embodiment, the size of the transmitted information is used
to determine whether the entire file or section has been transmitted, and if not, what
further information must be transmitted. At the beginning of transmission, the
stream delivery system 150 sends information to the jukebox 103 indicating the size of
the file and parts to be transmitted. This information may be sent to the jukebox 103
in other ways as well, as part of a sequence listing, for example. The jukebox 103 can
then use the received size of the file in conjunction with the stored file size to deter-
mine what remaining information is needed from the stream delivery system 150.
Other methods to identify what further information is needed to complete a partially
received file may also be used.

[0043] For example, one embodiment splits a 1000 byte audio file into two
parts, a first section 2716 of 50 bytes, and a second section 2718 of 950 bytes. The
stream delivery system 150 transmits 800 bytes of the second section 2718 to the juke-
box 103. At this point, a user chooses to start transmission of another audio file, and
end transmission of the first audio file. The transmitted 800 bytes of the second sec-
tion 2718 are stored locally. Thus, to allow the user to listen to the first audio file in
its entirety, only the remaining 150 bytes of the second part 2718 need be transmitted
to the jukebox. This subsequent transmission of the remaining 150 bytes may be done
as needed, such as when a user begins to listen to the audio file again and the first 800
bytes are taken from local storage, then the last 150 bytes are received from the stream
delivery system. This transmission can also be performed in advance of the time the
user wishes to listen to the audio file, such as a scheme where the jukebox 103 peri-

odically checks for partial file sections, such as partial second parts 2718, and auto-
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matically request transmission of the rest of the second part 2718. The jukebox 103
may identify partial file sections by comparing the total file size to the stored size, and
then requesting only the missing information, or through other methods.

[0044] Tn another alternative embodiment, instead of discarding the first
part 2716, the jukebox 103 encrypts the first part 2716 and stores the first part 2716 lo-
cally. This further reduces the amount of data that must be transmitted for program
file 2710 playback. The server 1614 may still retain control over playback of the pro-
gram file 2710 by controlling when the jukebox 103 may decrypt the first part 2716,
for recombination with the second part 2718 and playback of the program file 2710.
The second part 2718 could also be encrypted in place of, or in addition to, the first
part 2716.

[0045} In yet another embodiment, transmitter 121 employs scalable cod-
ing to increase the quality of audio output despite limitations in channel capacity.
Fig. 4A is a block diagram illustrating an example of a scalably-coded program file,
including data stored in two sections 2804, 2806 that together form a program file
2802. Primary set of data 2804 is sufficient to play back the program file 2802 at a low
quality level. Secondary set of data 2806 may be added to the primary set 2804 for
higher-quality playback. The sets of data 2804, 2806 may be stored separately in the
content database 102 or with the signal files 1615, or may be stored in a combined
state, to be separated and transmitted as needed.

[0046] Fig. 4B is a block diagram illustrating the use and combination of
primary data 2804 and secondary data 2806 to provide different playback quality lev-
els. As mentioned above, the primary data 2804 is sufficient to play back the program
file 2802 at a low quality level 2808. In one embodiment, the secondary data 2806
alone does not provide information sufficient for playback 2810 of the program file
2802. However, when the secondary data 2806 is combined 2812 with the primary
data 2804, the combined data 2812 is sufficient to play back the program file 2802 at a
high quality level 2814. For example, if the program file 2802 is an audio file, low-
quality audio can be produced using the primary data 2804. Audio cannot be pro-
duced with secondary information 2806 alone. If secondary information 2806 is com-

bined with the primary information 2804, output quality is enhanced. In one em-
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bodiment, additional levels of information may also be provided, each of which can
be combined with the lower levels to further enhance output quality. This allows
caching of lower-quality audio received in a first session and later receiving secon-
dary information 2806 in a second session, which enables the jukebox 103 to combine
the primary and secondary information to output audio of increased quality.

[0047] Since different sets of data are available that successively improve
program file 2802 quality level, the quality of the output by the jukebox 103 depends
on how much data can be transmitted in the time available. The first time an audio
track is transmitted, transmitter 121 provides jukebox 103 with the primary informa-
tHon 2804 first, which allows the jukebox 103 to playback a representation of the pro-
gram file 2802. Secondary 2806 (and additional) information is transmitted to allow
improved quality levels as time permits. Jukebox 103 outputs the audio track with
whatever level of information it has received at the time output is to commence. If
only primary information 2804 has been received, jukebox 103 outputs lower-quality
audio. If secondary information 2806 has also been received, it is combined with the
primary information 2804 and jukebox 103 outputs higher—cjuality audio.

[0048] In addition, jukebox 103, in one embodiment, caches the received
information. If the same audio track is requested at a later time, transmitter 121 pro-
vides jukebox 103 with the next level of information. Therefore, even if jukebox 103
was unable to provide higher-quality audio during the first listening, it may be able
to provide higher-quality audio during subsequent listenings, by combining secon-
dary (and/or additional) information with the previously cached primary informa-
tion to generate the higher-quality audio output. Such a technique facilitates the out-
put of high quality audio even when network transmission capacities are limited.

[0049] Referring now to Fig. 4C, there is shown an example of a transfer
sequence for a channel with moderate bandwidth. Initially, tracks A and B are re-
quested. Primary information for track A 2820 is downloaded. As primary informa-
tion 2820 is downloaded, a low-quality representation of track A 2828 is played, ac-
cording to conventional streaming audio techniques. Downloaded primary informa-

tion 2820 is cached.
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[0050] Once the download of primary information for track A 2820 is
complete, jukebox 103 begins to download primary information for track B 2822. This
download may begin even though track A is still playing 2828. In the example shown
in Fig. 4C, the download of primary information for track B 2822 is completed while
track A is still playing 2828. Therefore, jukebox 103 begins to download secondary
information for track B 2824. Then, when playback 2828 of track A is finished, juke-
box 103 is able to output a high quality representation of track B 2830, by combining
secondary information 2824 with previously downloaded primary information 2822.
The output of the high quality version 2830 may take place while secondary informa-
tion 2824 is still being downloaded, again using streaming techniques.

[0051] In the example of Fig. 4C, a request to play track A a second time is
received. Therefore, once secondary information 2824 has been downloaded, jukebox
103 begins to download secondary information for track A 2826. Once the high qual-
ity version of track B 2830 is finished playing, jukebox 103 outputs a high quality rep-
resentation of track A 2832, by combining secondary information 2826 with previ-
ously downloaded primary information 2820.

[0052] Referring now to Fig. 4D, there is shown another example of a
transfer sequence for a channel with a lower bandwidth than that of Fig. 4C. Here,
the secondary information for track B 2824 is not downloaded, because it would not
arrive in time to improve the output of track B. Accordingly, a lower quality version
of track B 2834 is output in lieu of the higher quality version 2830 of Fig. 4C. How-
ever, the higher quality version of track A 2832 can still be presented, since there is
sufficient time to download secondary information for track A 2826 before the second
playback of track A commences.

[0053] One skilled in the art will recognize that the tracks depicted in
Figs. 4C and 4D may refer to individual songs, or song segments, ot any other unit of
information. One skilled in the art will further recognize that the scalable coding
techniques described herein may be applied to video data, or to any other type of
data, and are not limited to audio data.

[0054] The scalable coding techniques of the present invention thus facili-

tate the trading off of quality in bandwidth-limited situations, without requiring
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complex bandwidth estimation and determination. If insufficient bandwidth exists
for the delivery of higher-quality versions, the system simply continues playing lower
quality versions of tracks. No skipping, pausing, or other interruption of the audio
stream is necessary. Jukebox 103 can determine whether to continue any particular
transfer to improve the available quality or to download the next requested track,
based on upcoming track selections. At any given moment, the next data segment to
request can be determined by requesting the highest priority data segment from the
next few audio segments. In one embodiment, priorities are defined to either play
audio at a maximum short-term quality level or at a consistent quality level.

[0055] In one embodiment, jukebox 103 requests data for downloading

according to the following order of priorities:

Priority | Type of value

Primary information, next track

Secondary information, next track

Primary information, track after next

Secondary information, track after next

Tertiary information, next track

Tertiary information, track after next

3] | G| | @ N

Data for subsequent tracks

[0056] One skilled in the art will recognize that any desired priority list
may be provided. For example, if item 5 in this table is moved up to the third rank,
the system will give more priority to high quality presentation at the possible expense
of inconsistent quality on lower bandwidth connections.

[0057] In one embodiment, locally-cached downloaded data is stored in
an encrypted or otherwise protected form, so as to prevent its abuse and to inhibit
copyright infringement. In another embodiment, primary information is stored in an
encrypted or otherwise protected form, but secondary and subsequent information is
not, since the secondary and subsequent information is unusable without access to

the primary information.
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[0058] Tn one embodiment, jukebox 103 downloads data sets when the
user is not actually listening to music, so as to facilitate improved usage of an other-
wise idle network connection. Jukebox 103 determines which items are likely to be
requested by a user, so that at idle times it can transfer data that is likely to be useful
for rendering audio segments in the future. Such determination may be made in the
same way as described above with respect to the split files of Fig. 3D. In one em-
bodiment, secondary information 2806 for such “predicted” audio segments is
downloaded first, so that encryption is not required unless and until the user actually
requests the tracks and the primary information 2804 is to be downloaded. Scalable
coding may also be used to process a signal of a conventional broadcast radio station
that plays music. An audio recognition device, as is conventional, pre-processes the
signal in order to identify individual songs. Those portions of audio information that
are not music are compressed and stored, and a transfer sequence is sent to jukebox
103 that references these recently encoded non-music segments as well as previously
known and cached musical segments. The recently encoded segments can be en-
coded at a lower quality level in order to allow a jukebox 103 connected by a low
speed line to transfer the recently encoded segments in real-time while still playing
the cached musical segments at a higher quality level.

[0059] As with file splitting, portions of scalably coded files may also be
sent on physical media rather than transmitted over a network. Similarly, if sections
of scalably coded information are only partially transmitted, they may be stored lo-
cally, and then only the information not previously received is transmitted in a sub-
sequent session.

[0060] File splitting and scalable coding may also be used in combination.
Fig. 5A is a block diagram illustrating how a program file 2902 may be divided into
primary data 2904 and secondary data 2906, and the primary data 2904 file split into a
first part 2908 and a second part 2910. The primary data 2904 is split as described
above with respect to Figs. 3A and 3B. This allows almost all of the primary data 2904
and secondary data 2906 to be cached locally without requiring encryption. Since, in
one embodiment, the second part 2910 of the primary data 2904 is not playable with-

out the first part 2908, and the secondary data 2906 is not playable without a playable
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set of primary data 2904, all of the program file 2902 except the first part 2908 of the
primary data 2904 may be cached locally without providing the user with a usable
copy of the program file 2902 that may be played back. This allows the server 1614 to
retain control of playback of the program file 2902, as long as the first part 2908 of the
primary data 2904 is not stored locally in a usable form.

[0061] Fig. 5B is a block diagram that illustrates how such a scheme pro-
vides advantages for streaming program files 2902. First, the first and second parts
2908, 2910 of the primary data 2904 are transmitted 2912 to the client by the server
1614. The first and second parts 2908, 2910 may be transmitted at roughly the same
time in response to the jukebox 103 requesting the program file 2902. Alternatively,
the second part 2910 may be transmitted in advance, after determination of what files
2902 are likely to be desired, as described above with respect to Fig. 3D. In an em-
bodiment wherein the second part 2910 is fransmitted in advance, the first part 2908
is transmitted in response to the jukebox 103 requesting the program file 2902. The
first and second parts 2908, 2910 are sufficient to provide low quality playback 2914.
The second part 2910 is then stored 2916 locally, and the first part 2908 is discarded.
At a later time, such as when the jukebox 103 requests the program file 2902 again,
the server 1614 transmits 2918 the first part of the primary data 2908 and the secon-
dary data 2906. This allows sufficient information for the program file 2902 to be
played back at a high quality level 2920. The secondary data 2906 is stored locally
2922, and the first part 2908 of the primary data 2904 is discarded. For subsequent
playback of the program file 2902, only the first part 2908 of the primary data 2904
need be transmitted 2924 in order to enable high quality level playback 2920. Again,
after such playback, the first part 2908 of the primary data 2904 is discarded, so that
the server may retain control of program file 2902 playback. As an alternative to dis-
carding the first part 2908, the first part 2908 may be encrypted, with decryption only
occurring under the server’s 1614 control.

[o062] Thus, a significant portion of the program file 2902 may be stored
locally, with only the relatively small first part 2908 being transmitted from the server
1614 to provide the user with streaming file performance. This allows high quality

streaming performance even over a relatively narrow bandwidth connection.
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[0063] As described above, when scalable coding or file splitting is used,
the jukebox 103 plays back a representation of the program file. This representation
may be an exact digital replica of the program file, such as when the program file is
split, all parts are transmitted to the jukebox 103, and the entire file is combined for
playback. The representation may also be a less than exact replica, such as when only

some portions of a scalably coded program file are combined and played back.

Recommendation Engine

[0064] One method of determining in advance what program files a user
may want streamed is through use of a recommendation engine, described more fully
in U.S. Patent Application Serial Number 09/846,823, filed on April 30, 2001, Patent
No. X, XXX, XXX. Note that there are also many other ways to determine what pro-
gram files a user may want streamed in advance. Referring now to Fig. 2, the jukebox
103 or personalized radio station accepts a user’s selections of music tracks and makes
additional recommendations as to music tracks the user is likely to enjoy. The user is
able to search for particular tracks and/or artists, and to control the playback of se-
lected tracks. The system monitors the user’s behavior with regard to searching, lis-
tening, and playback control, and generates and analyzes logs of such behavior in or-
der to refine recommendations. Advertising, offers, and other information may be
selected and presented to the user based on observations of user behavior and analy-
sis as to which material may be of interest to the user.

[0065] Compressed signal files 1615 contain descriptions of music tracks,
and in one embodiment contains digitized representations of the music tracks them-
selves. Compressed signal files 1615 are stored, for example, using conventional da-
tabase storage means or in a conventional file system, and in one embodiment include
several fields providing descriptive information regarding music tracks, such as title,
album, artist, type of music, track length, year, record label, and the like.

[0066] Selected tracks are played via jukebox 103, which is implemented
in one embodiment as a standalone application, or as a plug-in or bundled feature in
browser 105. Jukebox 103 receives digitized representations of music tracks and plays
the tracks over a speaker or headphones at the user’s computer. In one embodiment,
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jukebox 103 can download and save music tracks in local storage (such as a hard disk
drive, memory, or other local storage) in a compressed format, such as MP3, for play-
back on the user’s computer or on a portable digital music listening device.

[0067] Recommendation engine 107 generates track preferences based on
user information. Radio sequence generator 1613 uses track preferences, along with
general constraints 1616 and format definitions 1611, to generate a sequence of tracks
to be played. General constraints 1616 include particular rules and restrictions on the
sequence of tracks, as may be required by law or as may be determined to be desir-
able for marketing or aesthetic purposes or for other reasons. Examples of constraints
1616 include: “no more than one song per hour from a particular album,” or “do not
play a fast song immediately after a slow song.” Radio sequence generator 1613 may
also incorporate a randomization element, if desired, and may be configurable by a
website operator.

[0068] The track list is sent to jukebox 103 to be played to the user. A user
activates jukebox 103 and selects music tracks for playback and/or purchase, via a
user interface including controls and selectors. Authorization and content server 1614
checks that the appropriate security measures are in place (in order to prevent the
user from “hacking” jukebox 103 to request unauthorized tracks from content server
1614), obtains the actual music tracks from files 1615, and provides them to jukebox
103 for output.

[0069] In one embodiment, the connections among the various elements
of Figs. 1A and 2 are implemented over the Internet, using known protocols such as
HTTP and TCP/IP. Secure sockets layer (SSL) or other encryption techniques may be
employed for added security.

[0070] The recommendation engine may be employed in connection with
conventional radio station programming techniques, to implement an improved per-
sonalized radio station. As is known in the art, conventional radio stations typically
divide a programming block into a number of segments. Each segment is assigned a
programming category, such as “power hit,” “new release,” “recurrent hit,” and the
like. For a particular programming block, music tracks are assigned to each of the

segments based on the particular programming format of the radio station. Music
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scheduling software, such as Selector® by RCS Sound Software, applies heuristic
rules for repetition limits and classes of songs, to automatically generate track lists for
use by radio stations. The recommendation engine may be combined with such exist-
ing radio station programming techniques, to populate the defined segments with
music tracks that are likely to appeal to a particular listener. Additional rules may be
applied in generating track lists, so as to limit undesired repetition and to comply
with limiting legislation (such as the Digital Millennium Copyright Act) and other

restrictions.

[0071] From the above description, it will be apparent that the invention
disclosed herein provides a novel and advantageous system and method for provid-
ing a user with a streaming program file experience. The foregoing discussion dis-
closes and describes merely exemplary methods and embodiments of the present in-
vention. As will be understood by those familiar with the art, the invention may be
embodied in other specific forms without departing from the spirit or essential char-
acteristics thereof. For example, the invention may be applied to other domains and
environments, and may be employed in connection with additional applications
where personalized recommendations are desirable. Accordingly, the disclosure of
the present invention is intended to be illustrative, but not limiting, of the scope of the

invention, which is set forth in the following claims.
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[0072] What is claimed is:

1. In a client connected to a network and including a local storage device, a
computer-implemented method of receiving and playing a media file comprising at
least a first part and a second part, comprising:

receiving over the network and from a remote server in a first session the sec-

ond part of the media file;

storing the second part at the local storage device;

receiving over the network and from a remote server in a second session sub-

sequent to the first session the first part of the media file and not the
second part of the media file;

combining the first part received in the second session with the stored second

part after the start of the second session; and

playing a representation of the media file at the local client after combining at

least part of the first and second parts after the start of the second

session.

2. The computer-implemented method of claim 1, wherein the second part is
not sufficient to properly play the representation of the media file back without being
combined with the first part.

3. The computer-implemented method of claim 2, wherein the received parts
of the media file are encoded, and the second part may not be decoded without being

combined with the first part.

4. The computer-implemented method of claim 1, wherein the representation
of the media file may not be played back at the local client without authorization by a

remote server.

5. The computer-implemented method of claim 4, wherein authorization com-
prises the reception over the network and from a remote server the first part of the

media file.
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6. The computer-implemented method of claim 1, wherein the neither the first
part nor the second part may be used independently to recreate a recognizable fac-

simile of the content of the media file.

7. The computer-implemented method of claim 1, wherein the medjia file is di-
vided into a plurality of sections, each section comprising a plurality of bits, wherein
the first part comprises a first subset of bits from each section, and the second part

comprises the remaining bits from each section.

8. The computer-implemented method of claim 1, wherein the media file is di-
vided into a plurality of sections, each section comprising a plurality of bits, wherein
the first part comprises a first bit from each section, and the second part comprises the

remaining bits from each section.

9. The computer-implemented method of claim 7 or 8, wherein one of the sec-
tions contains exactly X bits, and wherein each of the remaining sections contains ex-

actly Y bits, wherein X is less than or equal to Y.
10. The computer implemented method of claim 9, wherein Y equals 20.

11. The computer implemented method of claim 1, wherein the first part com-
prises headers, compression table selectors and scale factors of the

media file.

12. The computer-implemented method of claim 1, further comprising:

receiving over the network and from a remote server during the first session
the first part of the media file; and

playing the representation of the media file back at the local client during the

first session.

13. The computer-implemented method of claim 1 or 12, wherein the first part

is not stored at the local storage device after the playing of the media file.
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14. The computer-implemented method of claim 1 or 12, wherein the com-
bined first and second parts are not stored at the local storage device after the playing
of the media file.

15. The computer-implemented method of claim 1, wherein the played repre-

5 sentation of the media file is an exact digital copy of the media file.

16. The computer implemented method of claim 1, wherein:
the media file further comprises a third part;
the first and second parts are combinable to form a representation of the media
file at a first quality level; and
10 the first, second, and third parts are combinable to form a representation of the

media file at a second quality level higher than the first quality level.

17. The computer implemented method of claim 16, further comprising:
receiving over the network and from a remote server the third part of the me-
dia file;
15 storing the third part at the local storage device;

combining the received third part with the stored first part and the stored sec-
ond part to form the representation of the media file at the second
quality level; and

playing the representation of the media file after combining the first, second,

20 and third parts.

18. The computer implemented method of claim 17, wherein the third part is
received over the network and from a remote server in a session other than the first

session.

19. The computer implemented method of claim 17, wherein the third part
25 and not the second part is received over the network and from a remote server in a

session other than the first session.
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20. The computer-implemented method of claim 17, wherein the first part is

not stored at the local storage device after the playing of the media file.

21. The computer-implemented method of claim 17, wherein the combined

first, second, and third parts are not stored at the local storage device after the playing

5 of the representation of the media file.

22. In a client connected to a network and including a local storage device, a
computer-implemented method of receiving and playing a media file comprising at
least a first part and a second part, comprising:

receiving over the network and from a remote server in a first session the first

10 part of the media file, the first part of the media file a representation
of the media file at a first quality level;

receiving over the network and from a remote server the second part of the

media file, wherein the first and second parts are combinable to form
a representation of the media file at a second quality level higher
15 than the first quality level;
storing the second part at the local storage device;
receiving over the network and from a remote server in a second session sub-
sequent to the first session the first part of the media file and not the
second part of the media file;
20 combining the received first part with the stored second part; and

playing a representation of the media file at the local client.

23. The computer-implemented method of claim 22, wherein the first part is

not stored at the local storage device after the playing of the media
file.

25 24. The computer-implemented method of claim 22, wherein the representa-

tion of the media file is played after combining the first and second

parts.
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25. The computer-implemented method of claim 22, wherein the representa-
tion of the media file is played in response to a command, and the

representation of the media file is generated from at least the first

part.

26. The computer-implemented method of claim 25, wherein the representa-
tion of the media file is generated from the second part as well as the

first part if both the first part and the second part have been received
at the time of playback.
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(54) Method for coding/decoding of a digital signal

(57)  The invention concerns a method for primary
processing a digital signal comprising the steps of :

providing a digital signal to a primary processing
unit ;

primary processing said signal with said primary
processing unit according to a plurality of primary
processing algorithms to provide primary proc-
essed output signals,

determining statistics of use of at least one of said
primary processing algorithms,

providing a digital statistics signal representative of
said statistics for each of said primary processed
output signals

associating to each of said primary processed out-
put signals its own statistics signal ;

determining a complexity primary processing infor-
mation signal based on said statistic signal.

‘Bitatream Compressed Video Data Complexhy Information
vor1 | 110010101111 [ ]
vorz | 11001010111 | |
vors | 1K010101311 | ]
vopa[ 01000 ebidiofit11a10000ioo0010c! I i
s [ Infgrmation
Decoderor
Decoding Process. Pc".ml.’"""_z“
Decoding Time
Prediction (Tpp
Time Ty,
Decompressed Video Objects REal-Time OS
Resource allocation
Figure 12

Printed by Xerox (UK) Business Services

fuboTV Media Inc.

Exhibit 1002
Page 171



20

25

30

35

40

50

55

EP 0 919 952 A1

Description
DEFINITION OF THE INVENTION

[0001] The present invention is a processing apparatus which aims at controlling and guaranteeing the real-time per-
formance of data processing. The invention is based on the principle of collecting statistics of the algorithms used to
process the data, on transmitting such statistics when necessary, and of associating a complexity information to such
statistics. The real-time processing control can be done generating a processing time prediction signal which is a func-
tion of the complexity information, and use such prediction signal to provide processing resources which guarantee
real-time processing or enables the definition of an associated degraded processing that guarantees real-time process-
ing. Although the described invention is of general application, this document describes its application to video coding
and decoding and suggests the straightforward extensions to audio coding-decoding, and to composition and rendering
of media objects.

1. FIELD OF THE INVENTION

[0002] The implementation of software based video/audio decoders is an advantageous solution over traditional ded-
icated hardware systems. The main reason of this fact is the possibility of decoding several different video/audio com-
pression standards, at different levels and profiles, by just changing the software while using the same hardware
platform, main memory, and interfaces. Another favorable feature is the flexibility of the decoder able to cope with new
developments and new tools included into future versions of the standards by just updating the decoding software.
However, simultaneously guaranteeing real-time performance, needed when processing video/audio bit-streams, and
an efficient use of the processing power, remains a very difficult task.

[0003] The present invention reports the main reasons of such difficulties and presents a new technique able to pre-
dict the decoding time of compressed video/audio bit-streams without the need of the actual decoding. This can be
obtained if appropriate statistical information about the actual encoding processing is included and transmitted with the
compressed video/audio data. Moreover, the present invention reports how such results can be used to implement new
efficient processing resource allocation strategies. New possible schemes of such intelligent interactions between the
encoder and the real-time OS are also proposed. An example of implementation for the MPEG-4 VM6 video algorithm
based on these developments is presented. This implementation enables, at the same time, to guarantee real time per-
formances even when the available processing resources are lower than the one theoretically necessary, and it yields
optimal (minimal) image quality degradation. Such results are obtained by using the prediction of the decoding-
resource needs to implement Computational Graceful Degradation techniques. The invention only reports simulation
results for the MPEG-4 VM6.1 video compression algorithm, but the techniques and concepts presented here are of
general application. Indeed, these techniques can be easily applied to audio coding, synthetic audio reproduction and
to any future or existing compression and composition method. More precisely, they can be used for any video com-
pression standard that is capable of transmitting in an appropriate form the statistical coding information (i.e. MPEG-1
and MPEG-2 using an appropriate transport system), and they can be implemented in any processor-based platform.
[0004] The present description is organized as follows. Section 2 discusses the problems and utility of defining and
using worst case and average case complexities, justifying the need of complexity prediction. Section 3 presents the
modeling of decoding complexity and the general principles of the prediction techniques. Section 4 presents the back-
ground of the invention. Section 5 summarizes the main concepts of the invention while section 6 summarizes the con-
tent of the diagrams and drawings illustrating the details and main characteristics of the invention.

[0005] In section 7, experimental results of the MPEG-4 VM6 texture coding algorithm are reported. Section 8
presents the definition of the proposed intelligent interactions between real-time OS-schedulers and video decoders.
Section 9 presents the basic principles and the definition of the developed Computational Graceful Degradation (CGD)
techniques, and section 10 reports overall experimental results of the control of decoding complexity using complexity
prediction joint with the application of CDG techniques. Finally, section 11 concludes the description of the invention,
summarizing the achievements of the invention by declaring the corresponding claims.

2. WORST-CASE AND AVERAGE-CASE DECODING COMPLEXITY

[0006] A simple solution to the problem of the variability of decoding complexity is to implement software/hardware
solutions that always guarantee worst case complexity decoding. Such solutions are, in fact, the ones implicitly imple-
mented in most of the dedicated hardware decoders. Dedicated hardware platforms, in general, are designed to guar-
antee worst case complexity decoding. The various hardware modules implementing the different decoding procedures
are synchronized with the input/output data rate. These dedicated hardware modules can always handle any input bit-
stream, not exceeding a maximum rate, and containing compressed sequences of appropriate maximum image reso-
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lutions. This can be always guaranteed, irrespectively from the coding options selected to produce the compressed bit-
stream.

[0007] In contrast, in the case of programmable platforms it is necessary to define what is a worst case decoding com-
plexity. Let us consider video coding even if the same concept can be extended to natural and synthetic audio and to
other form of multimedia processing. In the video compressing field one can assume that the worst case decoding com-
plexity is represented by the decoding of each bit/macroblock, using the coding options allowed by the considered
standard that requires the highest decoding time. The coding algorithms/modes of H.263 can be approximately consid-
ered as a superset of the algorithms/modes of the various video compression standards (H.261, MPEG-1 and MPEG-
2). The complete results and details of this worst-case/average-case study are omitted here for brevity. The conclusions
resulting from this analysis can be summarized as follows :

1) Decoding functions can be divided into two classes. For one class a worst case can be easily defined. Let us
denote this class as A. To this class belong function such as IDCT, inverse quantisation, motion compensated pre-
diction in its various form (forward, backward, bi-directional, overlapped ... .). For the other class denoted as class
B, complexity is extremely data dependent and cannot be easily characterized by the simple parameters of an
hypothetical MPEG-2 like complexity profile. To this class belong operations such as VLD, VLC coding, Syntax-
based Arithmetic Coding (SAC) and in general all parsing operations. The difficulty of defining a worst case is evi-
dent considering for instance SAC for which the difference between a theoretical worst-case and experimental
cases is about two orders of magnitude.

2) A strict worst case complexity analysis, of both class A and B functions, leads to unrealistic results. In other
words, the computational resources necessary to handle the strict worst-case complexity decoding is much higher
than the resources used in average.

3) For class A functions, the actual decoding complexity depends on the actual coding options and reports a large
range of variability.

4) For class B functions, the actual decoding complexity reports a dependence on coding options, but presents a
reasonably narrow range of variability which is much lower than the range theoretical worst case-average case.

[0008] Worst case analysis, therefore, is not adequate to define a useful decoding complexity reference. This fact is
true not only for operations which are strongly data dependent (class B), but in general for all functions even those that
have a very well defined worst case such as all class A functions. From these results it is clear that guaranteeing a worst
case decoding implies guaranteeing the decoding of pathologically complex sequences that in practice have an
extremely low probability of occurrence. Moreover, such a guarantee would imply the allocation of a processing power
up to two orders of magnitude higher than the one actually needed for the decoding of the standard test sequences.
The processor in practice would work in normal conditions exploiting only a small fraction of the theoretically available
processing power. Such solution to the problem of guaranteeing real-time performance is not economical and, obvi-
ously, not useful in practical applications.

[0009] Another possibility for the solution of the problem of guaranteeing real-time performance could be to consider
as reference an average case decoding complexity. Before being able to successfully use such average complexity, a
few questions need to be answered. Is it meaningful to define an average complexity? How can it be done? Is the aver-
age complexity sequence dependent? How can it be converted on different platforms? Can the average complexity
accurately be described by parameters such as image resolution and bit-rate? Are average results characterized by suf-
ficiently narrow variance bounds so as they can be used a priori without the need of knowing some information about
the actual complexity of the incoming sequence?

[0010] One will here briefly summarize the main results and experiments that answer the mentioned questions. So as
to try to define an average case for the complexity that have been considered in previously, the H.263 standard uses
four typical test sequences over a wide bit-rate range from 16 kbit/sec up to 1024 kbit/sec. The sequences in CIF format
are : Akiyo (300 frames), Coastguard (300 frames), Foreman (300 frames) and Mobile & Calendar (300 frames), and
all these test sequences have been evaluated at fifteen different bit-rate values. Although a rigorous statistical analysis
would have required a much higher number of sequences and specific statistical confidence tests, it is believed that the
number of frames (1200) and the different contents of the test images are well representative of typical image sequence
contents. One have considered separately the operations that have unrealistic worst case complexities (class B) from
the one with a well-defined worst case behavior (class A). The experiments, for the class B operations, yield figures that
are not strongly bit-rate dependent. Variance bounds for each frame are relatively narrow and these values do not
report relevant variations depending on the test sequence. Such results confirm also the fact that it is not necessary to
worry about strict worst case complexity. In the other case of class A, the complexity of the operations reports a rela-
tively regular statistical behavior at very low bit-rates (< 16 kb/s), but complexity reports dependence on the bit-rate, on
the image content and in particular on the used encoding options.

[0011] Figure 1 reports one example of H.263 complexity using different coding options for the same sequence (Akyio
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CIF) and same bit-rate. On this figure, the decoding time or decoding complexity (expressed in psec) is given versus
the frame number for the sequence Akyio CIF encoded with H.263 at 128 Kb/sec using different coding options. Top
curve options : advanced prediction modes (APM), syntax-based arithmetic coding and unrestricted motion vectors
(UMV) ; middle curve options : APM and UMV ; bottom curve options : UMV. The same sequence presents, at the same
bit-rate, average-decoding complexities that range up to a factor 4 (from about 0.05 to 0.2 sec per frame). Local fluctu-
ations for a relatively static sequence such as Akyio are also considerably large. The decoder is the Telenor H.263 soft-
ware release running on a Sun Ultrasparc platform.

[0012] Figure 2 reports the same experiment for the sequence Coastguard. The range of the complexity figures con-
sidering both average and local values is very large as can be easily noticed. On this figure, decoding time or decoding
complexity (expressed in msec) is given versus frame number for the sequence Coastguard encoded with H.263 at 128
Kb/sec using different coding options. Top curve : advanced prediction modes (APM), syntactic arithmetic coding and
unrestricted motion vectors (UMV) ; middle curve APM and UMV ; bottom curve : UMV. The same sequence at the
same bit-rate has average decoding complexities that range within a factor 4 from about 0.05 to 0.2 sec per frame. The
decoder is the Telenor H.263 software release on a Sun Ultrasparc platform.

[0013] Although far from the theoretical worst case complexities, the variation range is less than one order of magni-
tude, experimental results reports behaviors for which it is difficult to be able to predict the average complexity values
only relying on resolution and bit-rate. Image content and coding options (i.e. intra or inter prediction modes, advanced
prediction modes, half pixel vector prediction and so on) play a fundamental role. As it will be reported in the next sec-
tions, the situation of the complexity variations for MPEG-4 sequences is much higher due to the presence of different
sized VOPs arbitrarily shaped objects, of static and dynamic sprites, and the large variety of coding modes.

[0014] From a pure mathematical point of view an average complexity value can always be defined considering a
large data-base of encoded sequences and using the more probable occurrence of encoding options. Conversely, such
a theoretical average value is not useful at all for the aim of the present invention that is the efficient scheduling of each
decoding task and the efficient use of the available processing power. Even the local average values of the actual
sequence often are not stationary, and their variations around the mathematical average one are so unpredictable that
no useful scheduling policy can be realized.

[0015] Therefore, the consequences of this study are that straightforward solutions to the problem of real-time
resource allocation policy are of two kinds. The first is a sustained over-sizing of the processing resources. The second
is to accept interruptions of the audio/video output stream when the needed decoding resources exceed the ones avail-
able on the system. Obviously, both are not desirable being respectively not efficient and economical, or they provide a
quality of the services which may easily results perceptually unacceptable.

[0016] The ideal solution would be to develop techniques that are able to accurately predict such unknown behaviors
and, therefore, make feasible resource allocation policies that can guarantee real-time and minimize QoS degradation.
[0017] The description of such techniques and the presentation of the results are the subjects of the next sections.
[0018] As discussed above, the key issue for the implementation of any real-time application on a software-based
platform is to be able to understand when the required decoding processing time exceeds the available processing time
without the need of performing the actual decoding. This is particularly important, for instance, in MPEG-4 systems in
which a number of bit-streams containing a variable number of VOPs and sprites need to be decoded respecting real-
time constraints, but it is also important for existing compression standards (MPEG-1, MPEG-2). The available process-
ing time is known, in general, because it is allocated by the OS-scheduler to each decoding process. The problem is
how to estimate the necessary decoding processing requirements without the need of an actual decoding of each of
the incoming VOP bit-streams. Decoding each bit-stream using a priori allocated processing could result in exceeding
the time slot and, therefore, in missing real-time requirements. Real-time requirements are generally defined implicitly
by the frame/sampling rate of video audio bit-streams or can be easily extracted by an appropriate relative time infor-
mation associated to each video frame or audio object (also denoted as time stamp). Such extraction of the real-time
constraints is trivial and is not discussed here. The consequence of missing real-time constraints is the introduction of
sudden interruptions on the video content. A complete analysis of the conditions which lead to miss real time-con-
straints for the various OS scheduling algorithm (pre-emptive multi-threading, etc.) is out of the scope of this document
and it is not discussed here. The reader can refer to the included reference S. Battista, F. Gasperoni, B. Klaiber, M. Mat-
tavelli, L. Pautet, S. Tardieu, Concurrent over Sequential Modeling for MSDL, ISO/IEC JTC1/SC29/WG11, Doc. M1525,
Maceio, Brazil, November 1996 incorporated herein by reference.

3. BACKGROUND OF THE INVENTION

[0019] Without any doubt, the recent trend in multimedia system implementation technology is towards moving from
dedicated real-time hardware to software/processor based platforms. The processing power of the last on the market
processors, and of the newly announced video/audio-processor families, enables the software implementation of
video/audio decoding of various compression standards and different resolution levels. Unfortunately, simply relying on
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the average processing power does not guarantee to respect real-time constraints of video/audio decoding ; further-
more it does not solve the problem of an efficient processing resource allocation. The fundamental reason of these facts
is that the complexity of the video/audio decoding process is a fluctuating function of the time, as described in M. Mat-
tavelli and S. Brunetton, A statistical study of MPEG-4 VM texture decoding complexity, ISO/IEC JTC1/SC29/WG11,
Doc. MS24, Tampere Finland, July 1996 incorporated herein by reference.

[0020] The term complexity here simply means the time needed by the decoding process. Other more abstract meas-
ures of complexity such as the amount and type of executed algorithmic elementary operations, the executed processor
cycles, the amount of memory transfers to and from the external frame memories, and their combinations could be used
as more precise and specific complexity measures. In the context of the present invention however, one is interested on
the final results of these complexity factors. Without any loss of generality, one can consider, for any specific target soft-
ware-hardware implementation, the actual processor decoding time. Indeed all the above mentioned measures of com-
plexity can be converted for each specific platform into a single complexity measure given by the execution time.
[0021] Even by considering a specific processor platform or a specific compression standard with a relative level and
profile, the complexity of video decoding is a variable and unpredictable quantity, as described in ISO/IEC MPEG2
incorporated herein by reference. The actual figures of decoding complexity depend in a complex way on many different
factors. One can mention, for instance, the actual bit-rate, the image content, the options used for encoding, the Group
Of Picture (GOP) structure, or the Group Of Video Object Planes (noted as VOP) structure (GOV) which can change
on the fly, the state of the buffer that controls the quantization parameters and many others, as described in M. Mat-
tavelli and S. Brunetton, Scalability of MPEG-4 VM based on the computational power of texture decoding, ISO/IEC
JTC1/SC29/WG11, Doc. M925, Tampere, Finland, July 1996 incorporated herein by reference.

[0022] The complexity variability range increases with the richness of the standard. Richness means the number of
implemented coding algorithms or coding modes and the number of possible coding options having different complex-
ities. For instance, the richness of H.263 is much higher than H.261, but it is lower than the new MPEG-4 standard
under development where multiple Video Object Planes (VOPs) of different sizes and characteristics need to be
decoded.

[0023] In this description, Video Object (VO) means a temporal sequence of two-dimensional or three-dimensional
arbitrarily shaped Video Object Planes (VOP). In case of rectangular or square shapes, these video object planes, also
called hereinafter video planes, are denoted by the classical name of frames. An audio object means a stream of pack-
ets containing digital audio samples, or audio events in mono or multichannel format which can be associated to a VO.
One or more audio packets can be associated to one VOP or video frame. By three-dimensional arbitrarily shaped
video object planes we mean the projection or view of any three-dimensional natural or synthetic 3-dimensional object
or 3-dimensional model.

In summary, the processor decoding time of each incoming frame or VOP for any given compression standard is highly
variable and impossible to predict just relying on resolution and bit-rate information. Therefore, an efficient resource
allocation policy (process scheduling) which aims at guaranteeing real-time performances is very difficult in these con-
ditions. Scheduling policies that release the thread to the decoding process and receive it back after the task is com-
pleted are clearly not adequate. The same conclusion is true for a priori allocated processing time intervals. if more
processing time than the one actually allocated is needed, real-time constraints are already violated by the video appli-
cation. The implementation of emergency measures such as skipping frames or portions of images, on one hand might
succeed in recovering the correct timing, on the other could have catastrophic effects on the Quality of Services (QoS)
of the video application.

4. SUMMARY OF THE INVENTION

[0024] Itis an object of the present invention to control and to guarantee real-time performance of data processing. It
is another object of the present invention to provide a processing apparatus that associates a complexity information to
the processed data.

[0025] It is another object of the present invention to provide a coding-decoding apparatus that further includes the
associated complexity information to be transmitted to the decoder.

[0026] It is another object of the present invention to provide a system that, on the basis of said complexity informa-
tion, provides a complexity prediction signal to be used to allocate processing resources to optimize real-time data
processing.

[0027] It is another object of the present invention to provide a processing system that supervises the processing
using an allocated resource signal, a predicted complexity signal, a complexity information signal and provide a
processing that satisfy specified real-time constraints. According to the present invention, there is provided a process-
ing apparatus comprising a method for processing a digital signal including the steps of : providing a digital signal,
processing said signal using a plurality of processing algorithms, determining statistics of use of processing algorithms,
providing a digital statistical signal representative of the statistics, associating to each of the processed signal its own
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associated statistics and determining a complexity information signal based on said statistic signal.

[0028] According to the present invention, there is also provided a coding apparatus that further inserts the said com-
plexity information signal into a transmission layer containing or not the associated data and transmits the said com-
plexity information to a decoder apparatus.

[0029] According to the present invention, there is also provided a processing apparatus that generates from the com-
plexity information signal a processing prediction signal which is used to allocate processing resources in order to opti-
mize the real-time processing of the associated data.

[0030] According to the present invention, there is also provided a processing apparatus that receives the processing
prediction signal, the allocated processing resources and the complexity information signal, and uses the said signals
to generate processing directives so as the data is processed according to the system real-time constraints.

[0031] Although the described invention is of general application, the present description describes its application to
the preferred embodiment of the video coding and decoding, and suggests the straightforward extensions to audio cod-
ing-decoding and to composition and rendering of media objects.

[0032] The technique provided by the present invention is capable of predicting with an excellent degree of approxi-
mation the complexity of video or audio decoding, without the need of the actual decoding of the incoming bit-stream.
These results are possible when an appropriate coding information can be included in the incoming bit-streams. The
experiments demonstrate that the degree of approximation achievable is excellent considering the range of variability
of the actual decoding complexity of video or audio compression standards, and that such degree is more than ade-
quate to enable an efficient processor resource allocation. One application of the proposed technique to the MPEG-4
VM6 video coding algorithm is also demonstrated. Real-time video performances are guaranteed using the predicted
decoding complexity to implement Computational Graceful Degradation (CGD) features whenever the video decoding
complexity exceeds the available processing resources. By means of the proposed technique, it can be guaranteed at
the same time the satisfaction of the real-time constraints and the aim of minimizing the unavoidable degradation of the
QoS due to temporary lack of processing resources or to peaks of the intrinsic video decoding complexity. The same
approach can obviously be used for audio decoders.

[0033] ltis clear that the approach is not limited to the coding/decoding process for compression purposes, but that
it can be applied to the process of composing and rendering media objects (i.e. video, audio, text, graphics, two-dimen-
sional and three-dimensional graphic primitives and models) to the display output. The term composition means the
action of putting these objects together in the same representation space. The action of transforming the media objects
from a common representation space to a rendering device (speakers and viewing window) is called rendering. Aniillus-
trative example of the terminal environment for the handling of multimedia object is reported in Figure 19. More specific
possible examples of the decoding, composition and rendering processes are reported in Figure 20 and 21. Figure 19
reports the processing stages in an audiovisual terminal illustrating inputs outputs and processing of audiovisual
objects. Figure 20 reports an example of a decoder which provides uncompressed audiovisual objects to the
audio/video compositor. Figure 21 reports an illustrative example of composition of audiovisual objects.

[0034] Additional objectives and advantages of the invention will be set forth in the description that follows, and in
parts will be obvious from the description, or may be learned by practice of the invention. The objectives and advan-
tages of the invention may be realized and obtained by means of the instrumentalities and combinations particularly
pointed out in the appended claims.

5. BRIEF DESCRIPTION OF THE DRAWINGS
[0035] The accompanying drawings constitute a part of the specification and illustrate the principles of the invention.

- Figures 1 and 2 report a graphical representation of the decoding complexity of H.263 video illustrating the needs
and background of the invention for the video decoding embodiments ;

- Figure 3 reports the an example of the modeling of processing algorithms. It includes the association of processing
statistic to each state associated to the execution of a specific algorithm ;

- Figure 4 reports the extension of the model of figure 3 for a more complete and accurate model of the algorithmic
complexity ;

- Figure 5 reports one preferred embodiment of the invention for the MPEG-4 video decoding. It illustrates a com-
plexity model with the associated statistics for MPEG-4 texture decoding ;

- Figure 6 extends the model of figure 5 including additional coding modes and coding parameters plus the associ-
ated statistics ;

- Figures 7 and 8 report simulation results of a preferred embodiment of the invention. By associating a complexity
measure to the statistics of the data processing (video decoding in the preferred embodiment), it is possible to pre-
dict the processing complexity of data ; actual decoding time, predicted decoding time and prediction error are rep-
resented.
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- Figure 9 reports the measured decoding time and Decoding Time Prediction (expressed in usec) versus the
sequence VOP number of the MPEG-4 VM6 for the sequence Coastguard (Background, Small boat, Big Boat and
Water VOPs) at 64 Kb/s ; these results being obtained on a specific decoder.

- Figure 10 reports the measured decoding time and Decoding Prediction Time (expressed in psec) versus the
sequence VOP number of the MPEG-4 VM6 for the sequence Coastguard (Background, Small boat, Big Boat and
Water VOPs) at 128 Kb/s ; these results being obtained on a specific decoder.

- Figure 11 reports the measured decoding time and Decoding Prediction Time (expressed in psec) versus the
sequence VOP number of the MPEG-4 VM6 for the sequence Coastguard (Background, Small boat, Big Boat and
Water VOPs) at 128 Kb/s ; these results being obtained on a specific decoder

- Figure 12 reports a block diagram of part of the invention. The statistics carrying the complexity information and
associated to each data to be processed are read by a prediction unit which generates a prediction signal sent to
the OS scheduler which allocates resources as function of the prediction signal. The figure is reporting one exam-
ple of preferred embodiment for the video decoding of multiple VOP ;

- Figure 13 reports a block diagram of part of the invention relative to the construction of the complexity information
header at the encoder side. Statistics of the coding and/or decoding algorithms/modes/parameters are generated
at the encoder side and then inserted in a bit-stream to be transmitted to the decoder ;

- Figure 14 reports a block diagram of part of the invention relative to the interaction between the decoder supervisor
and the decoder using various signals in order to guarantee real-time decoding of the data ;

- Figure 15 reports the diagram of a complexity model including associated degradation algorithms ;

- Figures 16, 17, 18 report examples of results of a preferred embodiment of the invention. The video decoding for
the MPEG-4 texture decoding is provided imposing a maximum constant decoding time (complexity) for each VOP.
Degradation results are also reported ;

- Figure 19 reports an example of a possible preterred embodiment of the invention illustrating the various interac-
tions and processing related to the handling of media objects (audio, video, text, graphic, 2-D and 3D models) in a
multimedia terminal ;

- Figure 20 reports an example of a portion of multimedia terminal block diagram that is another possible embodi-
ment of the invention, and

- Figure 21 reports a drawing illustrating the composition and rendering processes, both being possible preferred
embodiments of the invention.

6. PREDICTING DECODING COMPLEXITY BY MEANS OF ENCODING STATISTIC INFORMATION

6.1 A model of decoding complexity for data dependent processing

[0036] To achieve the objectives of the present invention, one need a simple model of data processing complexity that
preferably has the following properties :

1) it is only related to the processing of the incoming data,

2) it is as compact as possible so that its description requires the minimum amount of information (number of bits),
3) it is representative in terms of processing complexity,

4) it is not related to the any specific software or hardware implementation of the given processing,

5) it can be easily mapped on any software/hardware platform implementation,

6) it is sufficiently accurate to yield useful predictions of the processing execution time.

[0037] A way of describing the operations of processing incoming data can be to consider the sequence of ensembles
of operations as appropriate distinct algorithms. If the sequence of algorithms is not dependent explicitly on the actual
content of the data to be processed or by the intermediate results of the processing, the complexity of the processing
can be easily calculated a priori and the complexity-modeling problem is trivial.

[0038] In general, if the sequence of operations is explicitly data dependent (i.e. the processing instructions are con-
tained in the data themselves) and depends also on intermediate results of the processing, the problem of modeling
algorithmic complexity is much more difficult.

[0039] Itis well known that any processing can be modeled by a finite-state-machine for which next state depends on
the input, current state and current output (the well-known machine of Mealy). This formulation is rigorous and general.
In theory it could also be used to measure the processing complexity. If one assume to associate a complexity measure
to each state transition, one could measure the global complexity of the processing by monitoring the state of the
machine at each step, and adding up the complexity related to each state transition. In practice, such model is not use-
ful for two main reasons. The state machine description of usual video decoding would result extremely complex. The
global complexity associated to the sequence of state transition would result too abstract to make feasible the mapping
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on different implementations than the canonical state machine. In practice, it would be extremely difficult to derive a
complexity expressed as total execution time for different specific platforms.

[0040] A more useful model is to represent the decoding process by a flux diagram for which each data state corre-
sponds to the execution of a specific algorithm f. Such representation is more naturally related to the usual representa-
tions of the execution of software programs. Let us associate to each data state a measure of the occurrence of such
state, which is incremented each time the data processing falls in each state. Let us suppose to monitor the execution
of the decoding process and, for the occurrence of each algorithm execution, to increment the associated measure. The
result of this model is a representation of the data processing given by a sequence of measures associated to each
algorithm composing the complexity model. In general, any encoder knows which algorithm sequence is needed for the
decoding, since the encoding and the coding syntax define without ambiguities the decoding algorithms . In particular,
video decoders have to implement a decoder, to build, reference images, therefore they are able indeed to generate the
described complexity representation.

[0041] This modeling approach has the nice feature that admits different levels of complexity resolution. One can con-
sider only a very limited number of main algorithms, or partitioning into a large set of sub-algorithms or any intermediate
representation. The cost of the representation, obviously, depends on the number of algorithms that compose the
model. The accuracy of the complexity representation depends on the number and type of algorithms, in other words
on their relevance in terms of complexity. A simple example of a complexity model is reported in figure 3 which reports
a flow graph for the modeling of a processing composed by three algorithms f and associated occurrence complexity
measures ¢. In this model, the processing is represented by tree algorithms f and by the associated counters c. Figure
4 reports a flow graph of the model of Figure 3 for which the complexity modeling of algorithms f1 and f3 have been
designed by partitioning f1 and f3 in two new algorithms and their associated complexity models, the model is more
accurate since the algorithms 1 and 3 are partitioned into other algorithms associated to new algorithm occurrence
measures. It must be noted that what are considered as coding modes associated to specific coding options in the
usual coding language, are from the point of view of the invention distinct algorithms, since different complexities cor-
respond to different coding modes. It must be also noted that the executions of the same algorithm using different
parameters can be considered as the executions of distinct algorithms associated to the corresponding parameters.
[0042] The mapping of the complexity into any software/hardware implementation is straightforward. By knowing the
complexity (execution time) of each algorithm on a specific platform and by using the information of the actual occur-
rence measure of each algorithms in the decoding process, one can easily calculate the total execution time (what is
denoted as complexity) for the processing of an incoming bit-stream.

[0043] The key issue of this approach is to be able to find the representation in terms of minimal set of algorithms and
sub-algorithms (tools) that being representative of the processing complexity, yields the best approximation of the exe-
cution time. This is particularly evident for very complex processing task such as video decoding. The importance of a
minimal set is to keep as compact as possible the cost of the complexity representation and, therefore, make possible
its separate transmission at a low cost.

[0044] Another feature of the proposed model is that it can easily take into account parallel software or hardware
implementations. No hypothesis has been done on the internal implementation of each algorithms. In fact, they can be
implemented at any level of hardware or software parallelism. The case for which different algorithms of the model have
parallel implementations can also be treated by simplifying the model and just ignoring some counters associated to
algorithms implemented in parallel. Simple practical examples of these cases are given below after the complete defi-
nition of the modeling-prediction complexity problem.

[0045] Let us consider a specific software/hardware implementation of a video decoder, running on a specific hard-
ware platform. Since no hypothesis is made on the architecture of the software or on the architecture of the hardware,
the approach doesn't loose any generality.

[0046] Let us consider that the true complexity C* (execution time) for the decoding of a given input data (i.e. a single
frame or a MPEG-4 VOP) is a function P*, specific for the software/hardware implementation at hand, of the sequence
of all the various processing operations p, 1=1,...,L needed to decode the incoming data :

C*= PP 1,000 Py )- (1)

[0047] The p, describe the sequence of operations that define the decoding process. They are, for instance, the pars-
ing of the bit-stream, the sequence of operations for decoding the in various form Intra, Inter, Not-Coded, Shape, Pad-
ding, the inverse quantisation, the IDCT, the motion compensation in its various form OBMC, simple prediction, 4 vector
prediction , the parameter that characterize the processing of each prediction mode (integer pel vector prediction, half
pel vector prediction), the number of bitwise parsing operations, the number of non-zero DCT coefficients and so on.
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[0048] The actual expression of the function P* is certainly extremely difficult to obtain. On the other hand, the objec-
tive of the present invention is to avoid the necessity to know all the parameters that define the complexity, but just to
be able to predict the true complexity C* with a good degree of approximation. The cost of the description of the exact
complexity function P* in terms of all coding parameters would be, indeed, prohibitive for the purposes of the present
invention.

[0049] Therefore, let us leave the problem of finding the exact expression of the complexity function P* and try to find
a sufficiently accurate approximation F of the function P* which provides a prediction C, using the model proposed in
the previous section. One is therefore limited to consider a number | of algorithms fi, with i=1,...,I with | << L, and the
associated model counters ¢; :

C=F(cy*f,€a°fp.CiofiCqofi)=Cq e Wi+Cp* Wot..kC;* W;+..4C = Wy = C* (2)

where the coefficients w; related to each c; are complexity weight corresponding to the model algorithm f; which
accounts for the specific software and hardware architecture at hand.
[0050] Let us suppose now, that the values of the vector ¢ for the incoming data (frame or VOP) are known. If the
vector w of the w; weights is known, one can predict the complexity of the incoming VOP bit-stream by a simple linear
combination.

6.3 A method to estimate the algorithms weight coefficients w

[0051] The values of the vector w can be obtained by direct measurements on the platform, if the complexity values
(execution time) of each function are accessible. In general, they can be also indirectly estimated by means of a simple
linear regression applied on a set of measures of the true complexities C*, with k =1 ... K, obtained by K samples of
data processing (i.e. K frames or K VOPs taken from different sequences) on the selected platform :

Chi=W -G+ W Cpt.. .+ W -G +...+ W -G,
C=W-C+W G,+...+ W -G, +...+ W -G,

C. =

Chk=W Cq+tW, C+...+ W-Cyt+...+ W, -Cg (3)

[0052] In matrix form the estimated vector of weights w can be expressed by the classical least square minimization
expression :

w=(cTc)'cTe, (4)

where T indicates the transpose matrix,

and -1 indicates the inverse matrix.

[0053] Obviously, the linear regression and the measures of the C, complexities can be made off-line since they have
as objective the estimation of the vector w which is characteristic of a specific software/hardware decoder implementa-
tion and do not depend on the incoming data.

[0054] Once the vector of the w parameters is estimated, the evaluation of the actual complexity C of the incoming
bit-stream can be simply done by calculating the linear combination of the complexity function. In practice, this can be
done by reading the actual ¢; counter values written in an appropriate form in the incoming data, and calculating the
value of F(c). This fact implies, for instance, that video compression standards should be able to insert complexity infor-
mation in appropriate headers of frames or VOPs, or transmit them as accompanying information. Figure 7 reports the
measured decoding time and Decoding Time Prediction (expressed in msec) versus the sequence VOP number of the
texture decoding of MPEG-4 VM6 for the sequence Akyio (Background and Akyio VOPs) at different bit-rates. The
decoder is the Momusys VM6 on a Sun Ultrasparc. The absolute value of the Decoding Time Prediction error is
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reported in the bottom curve near the 0 value.

6.4 Definition of the complexity models for the texture decoding of MPEG-4 VM6 VOPs

[0055] In the previous section, a model for decoding complexity has been developed, aiming at being at the same time
related only to the processing and apt to be mapped on any platiorm implementation. These ideal requirements have
been expressed in six points. A last requirement needs to be verified. Does the model and the associated complexity
representation provide complexity (time) predictions sufficiently compact but accurate enough for the aims of the
present invention? There is described in this paragraph an example of application of the modeling to the texture decod-
ing of MPEG-4 VM6 VOPsm, excluding the processing of shape coding and the padding of macroblocks. This exclusion
is just motivated by the fact that at the time of the modeling and simulations, one have investigated only the stable cod-
ing modules of the MPEG-4 VM. The same modeling principles can be applied to those and to all new MPEG-4 coding
algorithms and modes.

[0056] Let us partition the decoding of each MPEG-4 VOP in the following seven algorithms which represent all the
texture coding process of any VOP including luminance and chrominance (Intra, Inter, Skip, Advanced Prediction Mode
(ADM), Normal Prediction Mode (NPM), DCT coefficient processing (DCT_coeff), and DCT line processing
(DCT_line)). Let us associate to each coding-decoding algorithm a statistic measure defined as follows. For Intra, Inter
and Skip, it counts each time a macroblock is coded by using the Intra, Inter or Non-Coded coding mode. For ADM and
NPM the statistic measure indicates the number of blocks 8x8 predicted using advanced prediction modes (OBMC or
four vectors for macroblock) or normal prediction modes. For DCT_coeff, the measure counts the total number of DCT
coefficients per VOP, and DCT_line the total number of executed DCT 8x1 per VOP. All these counters can be easily
inserted in any MPEG-4 compliant or any other video/audio encoder. Figure 13 reports a schematic diagram of the
process of counting coding algorithms/modes/parameters and provides a statistic description of the decoding process
according to any complexity model. This diagram represents the generation of the Complexity Information Header at
the encoder side. The encoder increments the counters of the coding algorithms/modes/parameters that are used to
encode the video frame or video object to generate the associated statistics signal (known as complexity information).
At the end of the encoding of each video frame or video object the statistics of the used coding algo-
rithms/modes/parameters is inserted in the Complexity Information Header. Figure 1 reports a simplified flow graph of
the MPEG-4 VM6 texture decoding algorithms. Note that, in the proposed technique, it is not necessary to explicitly
model the actual decoder flow graph. The above graph represents the schematic flow diagram of a possible simple VOP
texture decoding model of MPEG-4. It has to be noticed that by estimating the complexity weights using the total VOP
decoding measures as explained in the previous paragraph, it is not even necessary to explicitly specify all transitions
in the decoding flow diagram model.

[0057] More accurate complexity models could be designed by introducing new algorithms and the associated meas-
ures of occurrences. An example of a more accurate model including the partitioning of APM and NPM into predicted
or bi-directional modes and into half-pel motion compensation modes is reported in Figure 6 which represents an exam-
ple of extension of the MPEG-4 texture decoding complexity model including the different mode prediction and half-pel
motion compensation functions.

[0058] A reduction to simpler decoding models when many counters of different algorithms are available is straight-
forward. Some counters can be ignored if, in a specific software/hardware implementation, they do not implies any or
any relevant complexity difference. For instance, if the implementation does not yields different processing time if a
macroblock is predicted by a full pel or half pel vector, or if there is no difference between APM or NPM, all these
counters can be ignored or can be combined. The specific action depends on the architecture and on the complexity
features of the software/hardware decoding platform used.

[0059] As reported in these model examples, a meaningful partitioning of the algorithms in terms of complexity can
be easily done only referring to the processing of the data and without the need of specifying any software or hardware
implementation. Only in the phase of estimating the weights w; and to perform the actual prediction it is necessary to
refer to a specific hardware/software implementation.

[0060] The two simple models presented here are also capable of taking into account parallel implementations which
are implemented in each algorithm such as any packed arithmetic implementation or higher levels of parallelism. Par-
allel implementations at levels of macroblock decoding are not likely to occur in MPEG-4 systems. Decoders need to
respect a given sequential order in decoding the macroblocks that is intrinsic in the syntax of the video data flow. More-
over, for multimedia processor implementations, the ones that are particularly considered in this description, parallelism
is likely to be implemented at much lower levels than macroblock decoding. Higher levels are indeed very unlikely to
appear.

[0061] Platforms that include also some hardware module accelerators, can be taken into account for the model. If
one have, for instance, the hardware implementation of a 8x8 DCT module, one can simply discard the DCT_coeff and
DCT_line counters and simply use the combination of Intra and Inter counters to predict the DCT decoding complexity.
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Similar measures can be taken for other hardware accelerator modules.

[0062] The present complexity modeling approach can be applied to the audio/video decoding, composition and ren-
dering of media objects or to any real-time processing of data.

7. EXPERIMENTAL RESULTS OF VIDEO DECODING COMPLEXITY PREDICTION

[0063] This section reports simulation results of the prediction of VOP decoding complexity for the MPEG-4 VM6 com-
pression standard. Counters corresponding to the algorithms defined by the model of Figure 5 have been inserted in
the Momusys VM6 encoder implementation to generate the mentioned statistic measures. These integer figures have
been converted into percentage values referred to the actual number of VOP macroblocks, normalized to 8 bit values
and have been supposed to be transmitted as a VOP complexity header for each VOP. The cost of this information
transmission results of a few tenths of bits and can be considered negligible if compared to the total video bit-rate. Obvi-
ously, any other representation of the statistical coding information which has a sufficient precision can be employed. A
schematic diagram of this decoding time (complexity) prediction signal generation process is reported in figure 14 which
represents a schematic diagram of VOP video decompression interactions between the Video Decoder and the Video
Decoder Supervisor when the Allocated Decoding Time (Tpi0c)is lower than the Decoding Time Prediction (Tpyeq). The
Target Decoding Time and Decoder Time Reference are used to verify that the Decompressed Video elements are
made available at the desired time. The Target Decoding Time is derived implicitly by the frame or sampling rate or by
the information associated to each VOP or video frame (associated time stamps).

[0064] Measures of the texture decoding time of each VOP for different video sequence have been performed on a
Sun UltraSparc platform. The decoder is the Momusys VM6 decoder.

[0065] The estimation of the weight w vector has been obtained by a linear regression applied on the measured
decoding time of each VOP using the expression of equation (4). To demonstrate the robustness of the proposed tech-
nique, the complexity prediction results have been generated using a vector w, estimated using the complexity meas-
urements of all the test sequences, except the one for which the prediction is calculated. For instance, to predict a
sequence A, the weights estimated on sequences B and C have been used, and so on respectively for the other test
sequences. Table 1 reports the results of the different estimates of the vector w for the sequences Akyio, Coastguard
and Bream. As can be easily noticed, complexity (time) estimates from different sequences do not differ relevantly from
one to the other. Disposing of a relatively large set of sequences with the associated measurements, one can easily
perform off-line estimates of decoder weights w characteristic of the decoder at hand.

[0066] Figure 7 reports the measured VOP decoding time, the VOP decoding time prediction and the time prediction
errors (in absolute value) for the two VOPs of the sequence Akyio. Figure 8 represents the measured decoding time and
Decoding Time Prediction (expressed in msec) versus the sequence VOP number of the MPEG-4 VM6 for the
sequence Bream (Background and Fish VOP) at different bit-rates. The decoder is the Momusys VM6 on a Sun
Ultrasparc. The absolute value of the Decoding Time Prediction error is reported in the bottom curve near the 0 value.
The results have been obtained at different bit-rates and all measures are expressed in msec. The same experiment
results are reported for the sequences Bream and Coastguard. In figures 9, 10 and 11, as can be easily noticed, while
the measured actual decoding time has strong variations for each VOP, the decoding time prediction is very accurate
and the two curves for most of the samples are difficult to distinguish one from the other. In these experiments, the error
of the prediction is lower than 5% for each VOP and in average is around 1-2%.
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W Akiyo Bream Coastguard

(msec/f)

Intra 38.68 38.84 38.15

Inter 30.95 29.60 29.56

Skip 5.55 5.53 5.51
DCT_line 2.15 0.37 1.24
DCT_coeff 1.47 6.58 6.18

APM 226.47 230.23 228.70

NPM 36.30 37.60 36.01

Table 1. Estimated complexity weights vector w for the
texture decoding complexity model of Figure 5 for different
sets of measures. The complexity relevance for each weight is
given by the product of the algorithm count and by the weight
itself.

[0067] The excellent results demonstrate that a relatively simple complexity model is able to predict the decoding time
(complexity) with a very good degree of approximation, when appropriate coding statistics are available. The degree of
approximation resulting from the proposed method, indeed, is more than adequate to enable an intelligent and efficient
resource allocation strategy.

[0068] The description and discussion of the new possible schemes of interaction between the real-time OS and the
video decoder are the subject of next sections.

[0069] Another important conclusion is the fact that a very complex process such as MPEG-4 texture video decoding
can be described by a suitable high level coding statistic information which is not directly related to any software or hard-
ware implementation. The vector of coding mode counter values is, in fact, a compact coding parameter and coding
mode information of the compressed bit-stream. Moreover, the obtained results reports that it is not necessary to define
a very detailed model of the software/hardware decoder platform. Very complex decoder features such as cash strategy
or memory accesses which could have a non-strictly deterministic behavior, can be taken into account in a statistical
sense when one estimate the value of the weight vector characteristic of the decoder platform used.

8. NEW SCHEMES OF DECODER-OS SCHEDULER INTERACTIONS

[0070] New schemes of interaction between the decoder and the OS scheduler of the multimedia processor are pos-
sible when decoding time prediction is feasible. These schemes of interaction can be designed in order to provide the
best resource allocation policy able to guarantee real-time performances.

[0071] In Figure 12, an example of decoding scheme employing decoding time prediction is reported. This figure rep-
resents a decoding scheme example in which the Complexity Information of each VOP is processed by the Complexity
Prediction Unit which provides the Decoding Time Prediction signal to the decoder and to the real-time OS/scheduler
that allocates the necessary resources (Allocated Decoding Time) to the decoder or decoding processes. The Decod-
ing Time Prediction unit reads the Complexity Information Header carried in each VOP/frame bit-stream header or
transmitted as side information in any format, produces the decoding time prediction for each frame/VOP, and provides
this information to the real-time OS scheduler. In this way, the OS scheduler can allocate the necessary resources (i.e.
Allocated Decoding Time) for the decoding of each or all the VOPs respecting the associated real-time constraints. In
case of non real-time encoding, the complexity information can be compressed and transmitted before the real-time
transmission and real-time decoding of the video/audio bit-streams. The usefulness of such scheme is evident consid-
ering that many VOPs of unknown complexity (decoding time) need to be decoded within an associated time interval
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T, This scheme is able to guarantee real-time performances if the available video processing resources Tpo. (i.€. Allo-
cated Decoding Time) are sufficient for the decoding of all N incoming VOPs within the given time interval. Formally, the
following relation has to be satisfied :

N
TT ppoc Z T (5)
n=1

where T, is the decoding time of the nth VOP, with n=1,..., N, where N being the VO and VOP index and t being the VOP
sampling time.

[0072] This simple procedure scheme is applicable in two cases. The first is when all the VOPs belongs to the same
sampling time t (implicitly defined by the sampling rate or also carried by time stamps associated to each VOP). In this
case, there is no additional delay introduced by the decoder. The second case occurs when the VOPs can also belong
to sequential sampling periods, i.e. M sampling intervals of the reference time t denoted as Dt (also referred as different
time stamps). In this case, an additional delay has to be considered and an output buffer needs to be added to the
decoder :

N M
T2T apoc> 2., 2, Tplt+mAt) ()
n=1m=1

[0073] This second scheme enables to smooth out computational peaks on a larger number of VOPs and on a larger
time interval than a single image sampling period Dt. In other words, expression (6) might be satisfied even when
expression (5) is not for some values of the sampling time t. Obviously, this result is obtained at the cost of an additional
delay and an additional output buffer.

[0074] When the available processing resources (i.e. time) are not sufficient to decode all VOPs, this simple strategy
cannot guarantee the respect of the real-time constraints. In such cases, other form of interactions and new decoding
techniques are needed.

[0075] The mainidea is to reduce the complexity of the decoding in order to satisfy relation (5) and (6) accepting some
degradation to the resulting image quality. These techniques are called here Computational Graceful Degradation
(CGD).

[0076] A schematic diagram of the construction of the complexity information header at the encoder side is reported
in Figure 13. The encoder, during the encoding process, increments the registers (counters) corresponding to a set of
encoding algorithms/modes/parameters used for the actual VOP or frame compression. At the end of the process, the
counters contains a compact encoding/decoding statistical information that is written in the Complexity Information
Header.

9. COMPUTATIONAL GRACEFUL DEGRADATION (CGD)

[0077] The main idea of CGD is to make available results of poorer quality when the results of the desirable quality
cannot be obtained in real time. When the complexity of the task exceeds the available processing power, real-time
services, possibly of degraded quality, are nevertheless provided respecting all real-time constraints. This approach
makes the guarantee of the correct scheduling of tasks possible, even when the computational system load fluctuates
and relation (5) and (6) cannot be satisfied.

[0078] The concept of graceful system degradation using imprecise results has been previously introduced in the field
of real-time computing with applications to control system and automation. In these contexts, imprecise results are
defined as intermediate results with the property that the more recent and intermediate result is the closer one that
approximates the final result (i.e. the idea only works in monotonically improving computations). For more details, the
reader can refer to W.A. Halang, A.D. Stoyenko, Constructing predictable real time systems, Kluwer Academic Pub-
lisher, 1991 ; K. Lin, S. Natarjan, J. Liu, Imprecise results : Utilizing partial computations in real-time systems, Proceed-
ings of IEEE Real-Time System Symposium, December 1987 ; J. Liu, K. Lin, S. Natarjan, Scheduling real time periodic
jobs using imprecise results, Proceedings of the IEEE Real-Time System Symposium, December 1987 incorporated
herein by reference.

[0079] Inthese cases the problems to be solved are more concerned with fault tolerance, 1/O overloads, stability and
reactivity to unexpected inputs, and the corresponding techniques are not suitable for purposes of real-time decoding
of compressed video/audio bit-streams.

[0080] In contrast, the aim of the present invention is to be able to provide the guarantee of real-time video decoding
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with possible degradations of the image quality, i.e. reductions of the peak signal to noise ratio (PSNR), without loosing
parts of the image or parts of the audio content. Such alternative is certainly much more desirable than other straight-
forward options such as cutting image portions or simply skipping frames. These latter options, as can be easily under-
stood, can have catastrophic consequences on prediction based coding systems. In H.263 systems, for instance,
skipping the decoding of a single frame or a portion of it implies the skipping of all future incoming frames (or portion of
them) before the next incoming Intra frame. The time interval of such skipping operation might cover many seconds, and
the information content loss might be very relevant. Such abrupt interruptions, which are perceptually very annoying,
might he caused not only by the simple fluctuation of the decoding complexity load as discussed in the previous sec-
tions, but also by the fluctuations of the load of other non-video/audio processing tasks which reduce the available
processing resources (time). Moreover, such events are in general out of the control of the video/audio decoder system
and cannot be easily forecasted. Considering these facts, the importance of techniques able to filter out complexity
decoding peak loads or able to reduce the average decoding computation load without causing perceptually annoying
consequences is evident. Skipping B-VOP could be, in some cases, a viable option for video accepting the introduction
of motion judder in the sequence reproduction. Unfortunately, the presence of B-frames or B-VOP cannot be guaran-
teed in any bit-stream and just at the right time for which a reduction of the complexity is needed to respect the real time
constraints. For audio applications, any skip of part of the content has perceptually a very annoying result.

[0081] In contrast with what could be commonly thought, also the classical multi-resolution coding features such as
spatial or temporal scalabilities are not really useful for the aims of the present invention. In general, they are used to
optimize the transmission bandwidth usage, enabling the compatibility of services at different bit-rates and spatial res-
olutions, but they must be embedded in the original bit-stream at the encoder side. If they are not embedded, the
changes of resolution at the decoder size can results more computationally expansive than the simple decoding at the
given resolution.

[0082] Another important reason for the introduction of CGD is given by the definition of profiles, levels and conform-
ance tests for video compression standards based on software/processor platforms. For the MPEG-4 standard, it is
expected to have a range of applications that will be much broader than the one of MPEG-1 and MPEG-2. Two possible
scenarios can be identified. The first is the definition of a limited number of profiles and levels based on computational
power. The second is the possibility of a continuum of decoders of different computational power. The first scenario
faces very difficult tasks such as the definition of decoder conformance testing, and at the end it may result in a jungle
of too many different levels and profiles.

[0083] The second scenario is completely open to platforms of different computational power. It requires pure func-
tional decoder conformance testing and is able to provide the maximum quality of the service that is achievable by the
capabilities of each platform.

[0084] The second scenario, although much more attractive than the first, poses new questions and problems have
not yet been studied in video and audio coding. It is mandatory that all decoders can decode all MPEG-4 services but
at different levels of quality. it means that a scalability-based on computational power is needed. This new type of scal-
ability should enable a graceful degradation of the video quality when less than theoretically necessary computational
power is available at the decoding side. In contrast with MPEG-2 scalabilities that are discrete, embedded in the bit-
stream and designed for specific applications, this computational power based scalability should be continuous and
implemented in all MPEG-4 bit-streams.

[0085] From these arguments, the usefulness of CGD and its important features and applications are clear. The last
key point that has left CGD as a good idea but of difficult usage and implementation for video coding was that it was not
clear how to implement it efficiently. Now that the present invention has developed a technique able to predict with a
good degree of approximation the required decoding time of each decoding process, one have the key for useful and
efficient implementation of CGD technigues.

9.1 Principles of decoding using CGD techniques

[0086] Let us consider a complexity model such as the one of Figure 3 composed by a set of | algorithms fi, with i =
l,...,] and suppose to be able to design for all, or only for a subset SCED of the functions f; composing the model, new
functions f,“GP which have the following three properties :

1) the execution of a function £;°P
function fj,
2) the execution of fiCGD does not prevent the exact execution of any subsequent decoding functions,
3) the weight w;°CP associated to 1C%C in the considered decoder implementation is lower than the corresponding

w; associated at f; (i.e. wCEP < w).

yields results that are an approximation of the ones produced by the original

[0087] For a schematic representation of a complexity model which includes new degraded functions, one can refer
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to Figure 15 which represents a schematic diagram of a complexity model including CGD algorithms, CGD counters (b;)
and new state transitions generated by the new CGD functions. In this example f1,f31 SSEP, and f»1 $°19. In other words,
for video decoding for instance, the execution of any f°P might produces PSNR degradations in the reconstruction of
some image parts, but not prevents from correctly decoding the rest of the frame or VOP.

[0088] Let us partition the functions forming the complexity model into two disjoint sets, S°1¢ and SP respectively,
for the ones that do not admit a CGD version and for the ones for which it is possible to design a CGD version.

[0089] Let us consider for simplicity an image sequence composed by a sequence of single frames or single VOPs
(i.e. N=1) and suppose that expression (5) is not satisfied for some values of the decoder reference time t :

T(O>T e (7)

where T(t) is the decoding time of the VOP at hand at the sampling time t, and to define as processing deficit Tpes the
time for which the decoding complexity exceeds the Allocated Decoding Time :

T(D-T poo="T per (8

[0090] Since the decoding time can be approximated by its prediction (Decoding Time Prediction) it can be expressed
by :

1
T(1)=Tprea(t)=D.CW; (9)

i=1

where the ¢; are the counters of the complexity model and the w; are the corresponding complexity weights.
[0091] The lower limit of the decoding time executing all CGD algorithms f,°CP at the place of f; for any il S°CP, is
given by :

CGD
Toap= 2, Cw; + Y, cw; (10)

ie Scap ie sOrlg

[0092] If Tocap<Tanoc<TPred it is therefore possible to guarantee the real-time constraints by executing the fiCGD algo-
rithms and accepting approximate decoding results. The difference Tpeq -Tcgp can also be expressed as :
CGD
Terea Tcap= 2, CAw; w; ) (11)

ie Scap

[0093] If Toep<Tanoc<Tereq - it iS therefore possible to find for each c; with il SP, a couple of integer coefficients
ai,bi, for which :

a+b;=c; (12)
I I I

and denoting as Tp,.cess @ny decoding time interval which respects the real time constraints (obtained by the implicit
sampling rate or expressed using appropriate time stamps associated to each VOP or video frames, or audio packet),
one can express the desired process decoding time as any decoding time value that satisfy the expression :

CGD
Tprocess= E (aiwi +biwi)+ E C[WiSTAIIoc (13)
ie Scap ie Sory
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[0094] Obviously for any Allocated Decoding Time the aim is to respect the real-time constraints with the lowest deg-
radation in the video/audio content. Associating a degradation measure to each w;°SP it is possible to minimize the
degradation for a given TAlloc. Therefore, the aim is to find the set S, |, of couple of coefficients a;, b;, with il S°GD that
satisfy expression (12) and minimize the video or audio degradations expressed as difference with the non degraded
output :

S gp=argmin(a,b); s . (PSNR-PSNR(a; b)) (14)

[0095] The determination of the set S, |, can be done by means of any suitable optimization method or any suitable
optimization heuristic by the Video Decoder Supervisor, schematically represented in Figure 14. In summary, the Video
Decoder Supervisor receives from the OS the Allocated Decoding Time signal (Tayoc), the decoding time prediction sig-
nal (TPred) from the Complexity Prediction unit, and the Complexity Information signal represented by the actual values
of the coding/decoding statistic (set of ci coefficients) for the VO. Since the Video Decoder Supervisor knows the values
of the set of w; and wiCGD it can determine, by a suitable standard optimization technique, the corresponding set of coef-
ficients a;,b; such that expression (12) is satisfied. Having defined the set of a;,b; coefficients the CGD decoding is par-
tially defined. In other words, the set of coefficients defines for each il S°P how many degraded algorithms (f°°P) at
the place of original algorithms (f;) need to be executed.

[0096] Since the determination of the degradation coefficients is done on the basis of the decoding time prediction,
the video decoder can generate a Decoding Status signal reporting the status of the decoding (i.e. the fraction of the
bit-stream or the fraction of the VO already decoded). The signal representing the Decoding Status of the decoding
process reports to the Video Decoder Supervisor an information which can be used to correct the Computational
Graceful Degradation Directive signal (i.e. the setting of the a,b; coefficients in this example) if the Current Decoding
Time and the Current Decoding Time Prediction signal are not conformant. Current Predicted Decoding Time means
the Decoding Time Prediction calculated by using elation (13), only counting the occurrences of the decoding algo-
rithms actually used to decode the fraction of the decoded bit-stream at the current reference time (time for which the
decoding status signal is generated). The term not conformant means that the actual Decoding Time is greater than the
Decoding Time Prediction of an amount of time which overcomes statistical variations which are functions of the com-
plexity information, thus reporting possible errors in the Decoding Time Prediction signal.

[0097] The described interactions between OS, the Decoder and Video Decoder Supervisor can be easily extended
for the case of sequences containing multiple VO at the same sampling time (associated time stamps), or belonging to
a defined time interval containing several sampling periods (several associated time stamps). Expressions
(10,11,13,14) can be easily modified including the appropriate summation over all VOP. Therefore, in the case of N VOP
at the same sampling time t, one have :

N
Ta(D= To()>T apoe (15)
n=1
where Ty (t) is the total decoding time of the N VOP.
N N I
TN(f);TPred,N=Z TPredn(t)=ZZCi,nWi (16)
n=1 n=1i=1
Y oGD
Tcapn= Z( Z CinW; + Z CinW;) a7
n=1 ie S¢cgp ie sOrig
N cap
Terean Teaon=2, 2. Cinlwyw; ") (18)

n=lie Scap

a +b,-',,=c,-:,, (19)

in
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N
CGD
7—Proc:ess,N=z( Z (ai,nWi +bi,nwi)+ Z Cl,nWi)STAIIac

n=1 je S¢gp ie SO,,g

Siow =8TQNiN, ., (5 (PSNR- PSNR&,.5,,)) 1)

or

Sa.b,N:argniQap)ES@(gan(PSNR' PSNF(a,,,vb,n))) (22)

where a,, is a semantic degradation coefficient which might be available in the coded bitstreams.
[0098] For N Video Objects and M sampling time intervals Dt (denoted also as time stamps) one have :

M M N
Taum= 2, Talt+mAD=>" 3 T (t+mAD>T 50
m=1

m=1n=1

M N M N
T =Tpreanm = Z Z Tprean(t+mAl)= 2 Z CinmWi

/
m=1n=1 m=1n=1i=1

-

M N

TCGD,N,M=Z Z( Z C:;n,mWiCGD+ Z Cinm?i)

m=1n=1 ie Scap ie Soyg

CcGD

)

M N
Tereanm Tcapnm= Z Z Cinm(Wi-w;
m=1n=1ie Scgp

a;,m+b c

inmtYinm=Cinm

M N

CcGD
Torocessum= 2, 2.0 20 (@inmWi #DinmW)+ D CinmW)ST goc
m=1n=1 ic Sgap ie Sorg
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Seon =aTGNIN.y, . (23 (PSNA-PSNRa,0,0))

ox

) M N
S,onm =argni D bess (Z,Z,’a"( PSNR- PSNR &, .,.b....)) 30)

9.2 Extension of the techniques to video/audio composition

[0099] The methods aiming at predicting the decoding time (i.e. generating a Decoding Time prediction Signal) of
video frames or video objects, so as to respect the real-time constraints specified implicitly by the audio/video rates or
by the timing information carried by the associated time stamps, can be easily extended to the video/audio composition
processes. Composition process means the action of putting decompressed video or audio objects together in the
same representation space. In a similar way of the decoding process, one can generate a Composition Time Prediction
for each composition process according to the interactions described in Figure 12. Such Composition Time Prediction
is a function of the occurrence of composition algorithms, composition modes and composition parameters (associated
composition statistics). Differently from the decoding process, composition algorithms, modes and parameters can be
also provided by an interactive user interface. In a similar way the Composition Allocated Time can be generated as
function of the Composition Time Prediction. The interactions between the compositor and the OS can be described as
in Figure 12 where the Decoder is substituted by the Compositor.

[0100] The technique of associating Decoding Degradation Algorithms and decoding by using degradation algorithms
described in section 6.1 and Figure 14 can be applied by substituting respectively the Allocated Decoding Time by the
Decoding Time Prediction, the Target Decoding Time and the Decoder Reference Time by the Allocated Composition
Time, the Composition Time Prediction by the Target Composition Time and the Compositor Reference Time. All rela-
tions and equations reported in section 6.1 referring to the decoding process can be referred to the composition proc-
ess.

9.3 Examples of possible degradation modes
[0101] The decoding operations of a video compression algorithm can be divided into two main categories :

1) operations that cannot be simplified since they may prevent the extraction and usage of relevant coding informa-
tion,
2) operations that can be simplified, possibly leading to imprecise or degraded video results.

[0102] To the first category typically belong all bit-stream parsing operations, entropy decoding (i.e. VLD and arithme-
tic coding), and all operations related to synchronization and to the syntax of the decoding process. For these opera-
tions, no degradation mode definition is possible, otherwise it would imply skipping image portions or entire frames
since either the data or the coding modes and coding parameters are lost.

[0103] To the second category, for instance, belong operations such as the IDCT, the prediction with and without
motion compensation in its various forms (PB/B-frame prediction, overlapped block motion compensation (OBMC), half
pixel interpolation and so on, padding, shape coding. Simplifications of such operations applied to pixels or transform
coefficients are always possible but at the expenses of imprecise results. The challenge can be expressed as follows :
given a specific compression standard, software and processor architecture, implement it and find the f; CGD which pro-
vides the maximum complexity reduction (w; - w,°CP) versus the minimum image/audio quality degradation (usually
measured in PSNR). Many are the algorithms that can be simplified. We report here only two examples that illustrate
the idea.

9.3.1 IDCT simplified modes

[0104] IDCT on a 8x8 block can be decomposed into 16 IDCT operation on a 8x1 block, or on IDCT considering only
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the lowest 4x4 or 2x2 coefficients. Skipping higher order 8x1 IDCT or enabling processing only 2x2 or 4x4 coefficients
constitute some alternatives which are less complex than the standard 8x8 IDCT. Obviously, these less demanding
alternatives yield a filtering of the high frequency possibly contained in the higher order coefficients.

9.3.2 Simplified prediction modes

[0105] Many prediction modes can be simplified at the expenses of some PSNR degradations. In particular, the most
complex such as the OBMC with or without half-pel motion compensation can yield relevant complexity decreases of
both computational complexity and memory bandwidth by implementing simpler algorithms.

10. EXAMPLES OF RESULTS FOR THE MPEG-4 VIDE! MPRESSION STANDARD

[0106] This section reports simulation results of the decoding of VOP using the complexity model and decoding time
prediction results described in Section 4. The MPEG-4 VM6 algorithm in the Momusys VM6 implementation modified
adding degradation functions to the advanced prediction modes has been used for the simulations. A fixed amount of
processing time is allocated for each VOP composing the sequences. In case the decoding time prediction (Tp,cq) for
each VOP exceeds the fixed allocated time (Txc), an appropriate number of advanced prediction modes are executed
using degraded functions in order to satisfy relation (13).

[0107] Figures 16, 17, 18 report the decoding results at 64, 128 and 256 kb/s for the four VO (Small Boat, Big Boat,
background and Water) of the sequence Coastguard. On the left, the diagrams report the decoding time of each VO
expressed in msec versus the VOP number. Two curves are reported : original decoding and decoding using degrada-
tion function in order to satisfy the decoding time limits. The PSNR image degradations corresponding to the execution
of degraded functions are reported on the right.

[0108] Figure 16 reports on the left standard decoding time and CGD decoding time (in msec) for the four VO of the
sequence Coastguard at 64 kb/s. Each VO has a upper bound for the CGD decoding time. On the right the PSNR loss
of the CGD decoding with reference to the standard decoding.

[0109] Figure 17 reports on the left standard decoding time and CGD decoding time (in msec) for the four VO of the
sequence Coastguard at 128 kb/s. Each VOP has a upper bound for the CGD decoding time. On the right the PSNR
loss of the CGD decoding with reference to the standard decoding.

[0110] Figure 18 reports on the left standard decoding time and CGD decoding time (in msec) for the four VO of the
sequence Coastguard at 256 kb/s. Each VO has a upper bound for the CGD decoding time. On the right the PSNR loss
of the CGD decoding with reference to the standard decoding.

[0111] The implementation of CGD base on the decoding time prediction generation technique enables, within the
discussed limits, the a priori setting of the decoding time guaranteeing the possibility of a scheduling of each decoding
task that satisfy real time constraints, even if the available resources (Allocated Decoding Time) are inferior to the the-
oretically necessary ones. Moreover, the degradations introduced are visually acceptable and they can be minimized
according to expression (14) by suitable techniques. The results obtained with a PSNR degradated are certainly much
more desirable than introducing sudden interruptions and image content losses to the video sequence, and enables an
efficient resource allocation policy.

Claims
1. Method for primary processing a digital signal comprising the steps of :

providing a digital signal to a primary processing unit ;

primary processing said signal with said primary processing unit according to a plurality of primary processing
algorithms to provide primary processed output signals,

determining statistics of use of at least one of said primary processing algorithms,

providing a digital statistics signal representative of said statistics for each of said primary processed output
signals

associating to each of said primary processed output signals its own statistics signal ;

determining a complexity primary processing information signal based on said statistic signal.

2. Digital primary processed output signal, generated by a primary processing unit using primary processing algo-
rithms and being intended to be transmitted to a receiving device wherein said primary processed output signal
comprises data bit streams, each of said data bit streams comprising a main bit string representative of said pri-
mary processed output signal and a secondary bit string representative of the statistics of use of said primary
processing algorithms associated to said main bit string.
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Method for secondary processing a secondary digital output signal according to claim 2 comprising the steps of :

(a) reading said secondary bit string ;

(b) determining, from the secondary bit string, primary processing algorithms to be used to secondary process
said primary output signal associated to said main bit string, for generating a complexity primary processed
information signal for each signal ;

(c) allocating a secondary processing time and/or operating system resources as a function of said complexity
primary processed information signal for secondary processing of said primary output signal ;

(d) sending main bit string to secondary processing means ;

(e) secondary processing said main bit string using said allocated secondary processing time and/or operating
system resources, according to a secondary process and

(f) generating a secondary processed signal.

Method for coding a digital signal comprising the steps of :

- providing an uncompressed digital signal including audio packets, video frames, video planes, or audio/video
objects to an encoder ;

- compressing said signal with said encoder according to a compression syntax, said encoder using a plurality
of coding algorithms to provide a compressed signal including coded audio packets, video frames, video
planes or audio/video objects,

- determining statistics of use of at least one of decoding algorithms necessary to decode each of said coded
audio packets, video frames, video planes or audio/video objects from said associated coding algorithms,
and/or determining statistic of use of at least one of coding algorithms,

- providing a digital statistics signal representative of said statistics for each of said coded audio packets, video
frames, video planes or audio/video objects,

- associating to each of said coded audio packets, video frames, video planes or audio/video objects its own sta-
tistics signal.

Coding method according to claim 3, wherein the step of determining statistics consists in determining the statistics
of use of some of decoding algorithms, wherein to each decoding algorithm is associated at least one decoding
mode and/or decoding parameter and wherein the statistics signal is based on the decoding modes and/or decod-
ing parameters.

Coding method according to claim 3 or 4, wherein the step of determining statistics further consists in determining
the statistics of use of some of coding algorithms when said coding algorithms and the compression syntax allow
the determination of corresponding decoding algorithms necessary to decode each of said coded audio packets,
video frames, video planes or audio/video objects wherein to each coding algorithm is associated at least one cod-
ing mode and/or coding parameter and wherein the statistics signal is based on the coding modes and/or coding
parameters necessary to decode when using said coding algorithms.

Coding method according to claim 4, wherein the statistic signal is generated by juxtaposing digital words each rep-
resenting the occurrences of use of a decoding mode and/or decoding parameter necessary to decode said asso-
ciated audio packet, video frame, video plane or audio/video object.

Coding method according to claim 5 and/or 6, wherein the statistic signal is generated by juxtaposing digital words
each representing the occurrences of use of a coding mode and/or coding parameter necessary to decode said
associated audio packet, video frame, video plane or audio/video object.

Coding method according to any of claims 3 to 7, wherein the step of associating consists in inserting said statistics
signal into said compressed signal for each associated coded audio packet, video frame, video plane or
audio/video object.

Coding method according to any of claims 3 to 8, wherein the step of determining statistics consists in computing
the occurrence of use of said coding and/or decoding algorithms for determining a complexity information for each
coded audio packet, video frame, video plane or audio/video object.

Digital compressed signal including coded audio packets, video frames, video planes or audio/video objects, said
signal being generated by an encoder using a compression syntax and coding algorithms and being intended to be
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transmitted to a receiving device wherein said signal is decoded according to decoding algorithms, and wherein
said signal comprises at least a layer of coded audio packets, video frames, video planes or audio/video objects bit
streams, each of said bit streams comprising a main bit string representative of the coded audio packets, video
frames, video planes or audio/video objects and a secondary bit string representative of the statistics of use of said
coding and/or decoding algorithms associated to said main bit string.

Digital compressed signal, according to claim 10, wherein said secondary bit string is inserted in said layer of said
bit streams.

Digital compressed signal, according to claim 10, further comprising a plurality of parallel layers of coded audio
packets, video frames, video planes, or audio/video objects bit streams, wherein said main bit string is inserted or
transmitted in a layer different to said second bit string.

Digital compressed signal, according to claim 11 or 12, wherein said secondary bit string is inserted or transmitted
prior to said main bit string.

Digital compressed signal, according to any of claims 10 to 13, wherein to each decoding algorithm is associated
at least one decoding mode and/or decoding parameter and wherein said secondary bit string consists of words
each representing the occurrences of use of the decoding modes and/or decoding parameters.

Digital compressed signal, according to claim 10 or 14, wherein to each coding algorithm is further associated at
least one coding mode and/or coding parameter and wherein said secondary bit string consists of words each rep-
resenting the occurrences of use of the coding modes and/or coding parameters, said coding algorithms and the
compression syntax allowing the determination of corresponding decoding algorithms necessary to decode each
of said coded audio packets, video frames, video planes or audio/video objects.

Method for decoding a digital compressed signal according to any of claims 10 to 15 comprising the steps of :

(a) reading said secondary bit string ;

(b) determining, from the secondary bit string, decoding algorithms to be used to decode said coded audio
packets, video frames, video planes or audio/video objects, associated to said main bit string, for generating a
complexity information signal for each coded audio packet, video frame, video plane or audio/video object ;
(c) allocating a decoding time and/or operating system resources as a function of said complexity information
signal for the decoding process of said compressed audio packet, video frames, video planes or audio/video
objects ;

(d) sending main bit string to decoding means ;

(e) decoding said main bit string using said allocated decoding time and/or operating system resources,
according to a decoding process and

(f) generating a decompressed signal including decoded audio packets, video frames, video planes or
audio/video objects.

Method for decoding a digital compressed signal according to claim 16 wherein the step determining decoding
algorithms is also based on the occurrence of use of the decoding modes and/or decoding parameters necessary
to decode the said audio packets, video frames, video planes or audio/video objects.

Method for decoding a digital compressed signal according to claim 16 or 17 wherein the step determining decod-
ing algorithms is further based on the occurrence of use of the coding modes and/or coding parameters used by
said coding algorithms, wherein said coding algorithms and the compression syntax allow the determination of cor-
responding decoding algorithms necessary to decode each of said coded audio packets, video frames, video
planes or audio/video objects

Decoding method according to any of claims 16 to 18 further comprising the step of determining a decoding time
prediction signal as a function of said complexity information signal ; said decoding time prediction signal being
used for the step of allocating said decoding time and/or operating system resources for optimizing said decoding
process and or decoding processes.

Decoding method according to claim 19 wherein the step of decoding the main bit string consists in
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- generating an allocated decoding time signal,

- sending said decoding time prediction signal and allocated decoding time signal to decoder supervisor means ;

- generating and sending a degradation directive signal to said decoding means, as a function of said decoding
time prediction signal, allocated decoding time, so as to define the use of number and type of decoding algo-
rithms and degradation algorithms to be used in the decoding process of said main bit string.

Decoding method according to claim 20 wherein the step of decoding the main bit string further consists in :

- generating a decoder time reference signal and a target decoding time signal,

- sending said decoder time reference signal and said target decoding time signal to decoder supervisor means ;

- generating and sending said degradation directive signal to said decoding means while also taking into
account said decoder time reference signal and said target decoding time signal.

Decoding method according to claim 20 or 21 wherein the step of decoding the main bit string further consists in :

- generating a decoding status signal from said decoding means

- sending said decoding status signal to said decoder supervisor means from the said decoding means ;

- generating and sending said degradation directive signal to said decoding means while also taking into
account said decoding status signal.

Decoding method according to claim 16 wherein steps (a) to (c¢) are carried out prior to step (e).

Decoding method according to any of claims 20 to 23, further comprising the step of sending said complexity infor-
mation signal to said decoder supervisor means.

Decoding method according to any of claims 20 to 24 wherein the step of generating said degradation directive sig-
nal consists in associating at least one degradation algorithm to at least one decoding algorithm, said decoding
algorithm and said degradation algorithm being associated to a complexity coefficient/weight representative of the
execution time of said decoding algorithm and said degradation algorithm.

Decoding method according to claim 25 wherein said complexity coefficients/weights are dependent on the
decoder used for implementing said decoding method.

Decoding method according to claim 25 or 26, wherein said decoding time prediction is a function of the occurrence
of use of said decoding algorithm and said complexity coefficients/weights according to the following equation :

i
T(O)=T peg(t)=1.C;w; (9),

i=1

where T is the time necessary to decode a coded audio packet, video frame, video plane or audio/video object,
Tpred is the decoding time prediction of said audio packets, video frames, video planes or audio/video objects, ¢; is
the occurrence of said decoding algorithm, and w; is the complexity coefficient/weight.

Decoding method according to claim 27, wherein when the decoding time prediction is a function of the occurrence
of use of said decoding algorithms and degradation algorithms, said degradation algorithms being associated to a
complexity coefficient/weight.

Decoding method according to claim 27 or 28, wherein when the decoding time prediction is greater than the allo-

cated decoding time, one uses a degradation method according to which one selects the degradation algorithm
instead of its associated decoding algorithm according to equation :

CGD
Tprocess= Z (aiWi +b,~W,)+ 2 cCws 7—Alloc: (13)
fe Scap ie S oy
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where, Tprcess i the prediction time necessary to decode a audio packets, video frames, video planes or
audio/video objects, said decoding time prediction taking account the degradation, ¢; is the occurrence of decoding
algorithm, a; is the number the selected degradation algorithms, w°%P is the complexity coefficient/weight of the
degradation algorithm, b; is the number of the non selected degradation algorithms, and w; is the complexity coef-
ficient/weight, where a; +b; =¢;, s0 as to reach a Tpoess I€SSEr than or equal to said allocated decoding time.

30. Decoding method according to claim 28 or 29, wherein said decoding status signal is also used for monitoring
the current decoding time of a coded audio packets, video frames, video planes or audio/video objects and make
sure that said current decoding time is in conformity with the associated decoding time prediction.

Decoding method according to claim 30, wherein if said current decoding time is not in conformity with the associ-
ated predicted decoding time, then said decoder supervisor means uses at least one further degradation algorithm
defined in claim 29.

Decoding method according to claim 31, wherein if said current decoding time is not in conformity with the associ-
ated decoding time prediction, then said decoder supervisor means further uses said complexity information signal.

. Decoding method according to any of claims 29 to 32 for a plurality of audio packets, video frames, or video planes,

some of them belonging to different audio/video objects, wherein when the decoding time prediction is the sum of
the decoding time prediction of each of said audio packets, video frames or video planes of said plurality, said
decoding time prediction being defined in claim 28.

Coding system for an uncompressed digital signal including audio packets, video frames, video planes or
audio/video objects, comprising :

- anaudio/video encoder receiving said audio packets, video frames, video planes or audio/video objects on one
input terminal, said encoder being intended to code said signal according to a compression syntax by using a
plurality of coding algorithms, and to provide, on one output terminal, a compressed signal including coded
audio packets, video frames, video planes or audio/video objects intended to be decompressed according to
associated decoding algorithms ;

- means for determining statistic of use of at least one of said coding algorithms, and/or means for determining
statistic of use of at least one of said decoding algorithms ;

- and means for generating a digital statistic signal representative of said statistics for each of said coded audio
packets, video frames, video planes or audio/video objects.

Coding system according to claim 27, wherein said statistics determining means comprise computing means for
counting the occurrence of use of coding modes and/or coding parameters used by the encoder for encoding said
signal, when using said coding algorithms.

Coding system according to claim 34 or 35, wherein said statistics determining means further comprise computing
means for counting the occurrence of use of decoding modes and/or decoding parameters from said coding algo-
rithms used by the encoder for encoding said signal.

. Coding system according to any of claim 34 to 36, further comprising means for generating a compressed output

signal including coded audio packets, video frames, video planes or audio/video objects wherein each of said
coded audio packet, video frame, video plane or audio/video object is associated with its statistics signal.

Decoding system for a digital signal including coded audio packets, video frames, video planes or audio/video
objects according to any of claims 5 to 15, comprising :

- adecoder receiving said main bit string, representative of a coded audio packets, video frames, video planes
or audio/video objects, on a first input terminal and providing, on an output terminal, a decompressed signal
including decoded audio packets, video frames, video planes or audio/video objects,

- resource allocation means ;

- means for complexity prediction receiving, on one input terminal, said secondary bit string, and providing to
resource allocation means a decoding time prediction signal which is determined as a function of the informa-
tion contained in said secondary bit string, said resource allocation means providing to the decoder information
representative of the allocated decoding time.
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Decoding system according to claim 38 wherein said resource allocation means comprises an operating system or
a layer of an operating system.

Decoding system according to claim 38 or 39 wherein said decoding time prediction signal is also provided to a
second input terminal of said decoder.

Decoding system according to any of claims 38 to 40, wherein

- said decoder comprises decoder supervisor means and audio/video decoding means,

- said decoder supervisor means receiving, on a first input terminal, said allocated decoding time signal and, on
a second input terminal, said predicted decoding time signal and providing on one output terminal a degrada-
tion directive signal,

- said decoding means receiving on a first input terminal said main bit string and on a second input terminal said
degradation directive signal and providing on an output terminal said decompressed signal including decoded
audio packets, video frames, video planes or audio/video objects.

Decoding system according to claim 41 wherein said decoder further receive a complexity information signal on
third input terminal.

. Decoding system according to claim 41 wherein said decoder further receive a decoder time reference signal and

a target decoding time signal respectively on fourth and fifth input.

Decoding system according to any of claims 41 at 43 wherein said decoding means are arranged to provide a
decoding status signal to a sixth input of the decoder supervisor means.

Decoding system according to claim 44 wherein said complexity information signal is applied to said decoder
supervisor means.

Method for composing a digital signal comprising the steps of :

- providing an uncompressed video element including video frames and/or video planes and/or video objects,
textures, texts, 2 and 3 dimensional graphic primitives, 2 and 3 dimensional models to a composing device ;

- composing said video element with said composing device according to a composition syntax an/or a interac-
tivity information, said composing device using a plurality of composing algorithms necessary to compose each
of said video elements and provide a representation in a common visual representation space of the said mul-
tiple elements,

- determining statistics of use of at least one of said composing algorithms for generating a complexity informa-
tion

- associating to each of said video elements its own complexity information.

. Composition method according to claim 46 further consisting in :

- providing an uncompressed digital audio element including audio packets, audio objects, synthetic audio
objects

- composing said audio element with said composing device according to a composition syntax, said audio com-
posing device using a plurality of composing algorithms necessary to compose each of said audio elements
and provide a representation in a common audio representation space

- determining statistics of use of at least one of said algorithms for generating a complexity information.

- associating to each of said audio element its own complexity information.

Composition method according to claim 46 or 47, wherein to each composition algorithm is associated at least one
composition mode and/or composition parameter and wherein the statistics is based on the occurrence of use of
composition modes and/or composition parameters.

Method for composing a digital signal according to any of claims 46 to 48 comprising the steps of :

(a) reading the complexity information associated to at least one of said video element and/or audio element
(c) allocating a composition time and/or operating system resources as a function of said complexity informa-
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tion signal for the composition process of said associated video element and/or audio element ;

(d) sending said video element and/or audio element to composition means ;

(e) compose in a common representation space said video element and/or audio element using said allocated
composition time and/or operating system resources, according to a composition process, and

(f) generating a common representation space including said video element and/or audio element according to
the composition syntax.

Method for composing digital video/audio elements according to claim 49 wherein the step determining composi-
tion algorithms is also based on the occurrence of use of the composition modes and/or composition parameters
necessary to compose the said composition elements in a common composition space.

Composition method according to any of claims 48 to 50 further comprising the step of determining a composition
time prediction signal as a function of said complexity information ; said composition time prediction signal being
used for the step of allocating said composition time and/or operating system resources for optimizing said compo-
sition process and or composition processes.

Composition method according to claim 50 wherein the step of composing the audio/video elements consists in

- generating an allocated composition time signal,

- sending said composition time prediction signal and allocated composition time signal to composition supervi-
SOr means ;

- generating and sending a degradation directive signal to said composition means, as a function of said com-
position time prediction signal, allocated composition time, so as to define the use of number and type of com-
position algorithms and degradation algorithms to be used in the composition process of said video/audio
composition elements.

. Composition method according to claim 52 wherein the step of composing the video/audio elements further con-

sists in :

- generating a compositor time reference signal and a target composition time signal,

- sending said compositor time reference signal and said target composition time signal to composition supervi-
SOor means ;

- generating and sending said degradation directive signal to said composition means while also taking into
account said compositor time reference signal and said target composition time signal.

Composition method according to claim 52 or 53 wherein the step of composing the audio/video elements further
consists in :

- generating a compositor status signal from said composition means
- sending said compositor status signal to said composition supervisor means from the said composition means

- generating and sending said degradation directive signal to said means while also taking into account said
compositor status signal.

Composition method according to claim 48 wherein steps (a) to (c) are carried out prior to step (g).

Composition method according to any of claims 51 to 55, further comprising the step of sending said complexity
information signal to said compositor supervisor means.

. Decoding method according to any of claims 53 to 56 wherein the step of generating said degradation directive sig-

nal consists in associating at least a degradation algorithm to at least one composition algorithm, said composition
algorithm and said degradation algorithm being associated to a complexity coefficient/weight representative of the
execution time of said composition algorithm and said degradation algorithm.

Composition method according to claim 57 wherein said complexity coefficients/weights are dependent on the
compositor used for implementing said composition method.

Composition method according to claim 57 or 58, wherein said composition time prediction signal is a function of
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the occurrence of use of said composition algorithms and said complexity coefficients/weights according to the fol-
lowing equation :

1

T(t)= Tpred(t)=zciwi 9,
i-1

where T is the time necessary to compose a audio/video element, Tp,.q4 is the composition time prediction of said
audio/video element, ¢; is the occurrence of said composition algorithm, and w; is the complexity coefficient/weight.

Composition method according to claim 59, wherein when the composition time prediction is a function of the
occurrence of use of said composition algorithms and degradation algorithms, said degradation algorithms being
associated to a complexity coefficient/weight.

Composition method according to claim 59 or 60, wherein when the composition time prediction is greater than the
allocated composition time, one uses a degradation method according to which one selects the degradation algo-
rithm instead of its associated composition algorithm according to equation :

CcGD
7—/orocess= Z (a,—w,- +b,-W,-)+ Z Cwg 7—Alloc (13)
ie Scap ie SOng

where, Tprocess iS the prediction time necessary to compose a audio/video element, said composition time predic-
tion taking account the degradation, ¢; is the occurrence of composition algorithm, a; is the number the selected
degradation algorithms, wiCGD is the complexity coefficient/weight of the degradation algorithm, b; is the number of
the non selected degradation algorithms, and w; is the complexity coefficient/weight, where a; +b,=¢;, so as to
reach a Tpocess |€5SEr than or equal to said allocated composition time.

Composition method according to claim 60 or 61, wherein said composition status signal is also used for monitoring
the current composition time of a composition video/audio element and make sure that said current composition
time is in conformity with the associated composition time prediction.

Composition method according to claim 62, wherein if said current composition time is not in conformity with the
associated composition time prediction, then said composition supervisor means uses at least one further degra-
dation algorithm defined in claim 61.

Composition method according to claim 63 wherein if said current composition time is not in conformity with the
associated composition time prediction, then said decoder supervisor means further uses said complexity informa-
tion signal.

Composition method according to any of claims 51 to 63 for a plurality of audio/video composition elements
wherein when the composition time prediction is the sum of the composition prediction time of each of said
audio/video composition elements, said composition time prediction being defined in claim 50.

Composition system for an uncompressed digital video element including video frames and/or video planes and/or
video objects, textures, texts, 2 and 3 dimensional graphic primitives, 2 and 3 dimensional models, comprising :

- avideo compositor receiving said video element on one input terminal, said compositor being intended to com-
pose said video element using a composition syntax using a plurality of composing algorithms, and to provide,
on one output terminal, a representation in a common video representation space said video element ;

- means for determining statistic of use of at least one of said composition algorithms,

- and means for generating a digital statistic signal representative of said statistics for each of said composed
video element.

Composition system for an uncompressed digital audio element including audio packets, audio objects, synthetic
audio objects, comprising :
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a audio compositor receiving said audio element on one input terminal, said compositor being intended to com-
pose said audio element using a composition syntax using a plurality of composing algorithms, and to provide,
on one output terminal, a representation in a common audio representation space said audio element ;
means for determining statistic of use of at least one of said composition algorithms,

and means for generating a digital statistic signal representative of said statistics for each of said composed
audio element.

69. Composition system for an audio-visual object comprising a composition system according to claim 66 combined
with a composition system according to claim 67.
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Description

[0001] The present invention relates to a data trans-
mission method for transmitting encoded moving/still
picture by using a wired communication network such
as ISDN (Integrated Services Digital Network) or a wire-
less communication network such as PHS (Personal
handy-phone System) or satellite communication and a
data transmission apparatus to which such method is
applied.

[0002] In recent years, with progress of digital encod-
ing technology of a variety of information such as image
and a broadband network technology, the development
of applications using these technologies becomes ac-
tive, and a system of transmitting compression-encoded
image by utilizing a communication network is devel-
oped.

[0003] Forexample, an input video signal is encoded
at a video encoder, the obtained encoded data is pro-
vided to an encoded data transmitter, and transmission
data is transmitted to a transmission channel. In this
way, a video is encoded and transmitted. In recent
years, with the spread of Internet/Intranet, there has
been increased an application or system of transmitting/
receiving a packet of data. Providing data as a packet
is very effective means for efficiently sharing a band-
width of acommunication channel by aplurality of users.
[0004] Inthe meantime, as a protocol for transmitting/
receiving packet data via Internet/Intranet, there exists
TCP/IP (Transmission Control Protocol/Internet Proto-
col) or UDP/IP (User Datagram Protocol/Internet Proto-
col) and the like.

[0005] Among them, TCP/IP is an Internet standard
protocol. This protocol is applied as the world's best
known protocol to Intranet or LAN as well as Internet.
TCP works in a transport layer that is a fourth layer of
an OSl basic reference model, and IP works in a network
layer that is a third layer.

[0006] In addition, UDP/IP is one of the TCF/IP suite
transport layer protocols. TCP is a connection type pro-
tocol. UDP is a disconnection type protocol. As with
TCP, a host application is identified by using a port
number. This protocol is often used to carry short data
formonitor control of a network or real time oriented data
such as audio data or video data.

[0007] TCP/IP incorporates a frame such as retrans-
mission. Thus, this protocol is strong against errors or
the like. Even if a large amount of time is required, this
protocol is effective to download type applications if an
attempt is made to validly receive data. However, this
protocol is not powerful for applications requiring real
time properties.

[0008] In contrast, although UDP/IP does not have a
retransmission frame, a delay associated with retrans-
mission does not occur. Thus, this protocol is very ef-
fective to applications requiring real time processing.
[0009] Transmission of moving picture is exemplified
as a typical example of application requiring real time
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processing. However, in the case of general video com-
munication, video data has a very large amount of data,
and overflows a network bandwidth in most cases. In
this case, a technique for encoding a video data signal,
and transmitting a reduced amount of data is used.
Techniques such as motion compensation, discrete co-
sine transform (DCT), sub-band encoding, pyramid en-
cading, and variable-length encoding or a combination
of these technigues are developed as compression-en-
coding of a video signal.

[0010] As an international standard system for mov-
ing picture encoding, there are ISO MPEG-1, MPEG-2,
ITU-T H. 261, H. 262, and H. 263. In addition, as an in-
ternational standard system for multiplying an encoded
data stream having a speech/audio signal compressed
or other data, there are an ISO MPEG system, ITU-T H.
221, and H. 223.

[0011] Internet or the like is encompassed via an infi-
nite number of networks. Usually, no one knows which
network is used or what state is. In addition, an amount
of data flowing a network changes from time to time.
Thus, a system of judging what amount of data can be
communicated in a real time is required.

[0012] Therefore, with further advancement from real
time applications utilizing UDP/IP, there have been in-
creased in number applications using a packet format
called RTP (Real-time Transport Protocol) for adding
and transmitting time information or the like to a packet.
[0013] This RTP is a protocol for transferring audio
data signal or video data signal ruled in RFC 1889 in
real time. Usually, data is carried on UDP (User Data-
gram Protocol). This protocol is assumed to be applied
to a multimedia system such as video conference, and
data can be exchanged in a real time interactive
scheme. However, the protocol has no sound quality or
picture quality assurance function. Sequential number
or time stamp data is assigned into an RTP header,
thereby supporting a read time operation.

[0014] RFC is an abbreviation of Request for Com-
ments, and denotes a document such as technical pro-
posal or comments disclosed by TETF (Internet Engi-
neering Task Force). Many de-fact standards such as a
variety of protocols of TCP/IP suite are described in
RFC.

[0015] By utilizing this RTP, time information and a
packet number are added to a packet, so that a receiver
can display a voice or image by using correct time infor-
mation, can determine a packet or the like whose order
is replaced in a network, and can detect that a packet is
lost by referring to a packet number.

[0016] Moreover, the RTP provides with a system
(RTCP) for notifying network state information such as
jitter or packet loss rate from a transmitter to a receiver.
[0017] However, how this RTCP information is utilized
depends on applications, and is not determined in
standards.

[0018] In addition, in the case of an image, a band-
width corresponding to video transmission cannot be al-
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located in a network bandwidth, thus making it neces-
sary to compress and deliver a video signal in an en-
coding system such as MPEG, as described previously.
Although this encoding system is effective in a de-
creased amount of data, the system becomes very frag-
ile to a packet loss or error entry by supplying data to
unstable Internet. This is because a moving picture en-
coding system transmits only a difference between a
current frame and a previous frame. Thus, partial data
missing causes a very serious problem. In the case of
using the UDP or RTP, data retransmission is not basi-
cally carried out, thus making it necessary to counteract
this problem.

[0019] There generally exist two modes in picture en-
coding, that is, one is an inter-frame encoding mode for
transmitting a difference between the current frame and
the previous frame and an intra-frame encoding mode
for carrying out encoding in one frame. In general, intra-
frame encoded pictures are provided at a proper timing,
and inter-frame encoded pictures are provided between
them. An interval between the frames encoded in an in-
tra-frame encoding mode is called a GOP (Group of Pic-
ture) interval.

[0020] When an encoded picture is missing during
transmission to the decoder, the decoded picture corre-
sponding to the missing encoded picture is destroyed.
Thereafter, the intra-encoded pictures following the
missing encoded picture are decoded based on the de-
stroyed picture. Thus, all the subsequent decoding pic-
tures are affected by the destroyed picture, and decod-
ing cannot be carried out correctly. Therefore, an intra-
frame encoded picture is inserted in the way of a stream
of frames to cut off a propagation of missing error and
recover adequate decoding.

[0021] In aconventional technology, it can determine
that errors occur in a network. However, how to utilize
the determination result has been unknown. Also, a sys-
tem for notifying the network information to the transmit-
ter in an unique format is conceived. However, the sys-
tem is based on the specification of associated applica-
tions and lacks a general-purpose use. The system re-
ceives transmission data using an information receiver,
and controls a video encoder within a range of the infor-
mation received from the network via a transmission
channel.

[0022] A conventional network condition determina-
tion is conceived on assumption of network congestion.
However, since Internet is popularized in mobile envi-
ronment, it is required to consider an error or the like in
wireless environment. Current technique does not as-
sume countermeasures against such error.

[0023] Further, in the case of dealing with the error, a
case in which a network condition changes, and an error
rate is not constant is not considered. If a short GOP
interval is set in order to counteract a case in which er-
rors frequently occur, the intra-frame encoding increas-
es resulting in impairing the encoding efficiency. When
errors occur frequently qualitatively, it may be required
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to establish such state in which such errors occur fre-
quently. However, in the case of a network in which an
error hardly occurs in a normal state, and an error occurs
only at one moment, this setting is very wasteful. Con-
versely, when a long GOP interval is set, it is trouble-
some that a great influence occurs when an error oc-
curs.

[0024] Thus, a real time transmission using RTP is
noted. As described above, by utilizing the RTP that is
aprotocol for transferring audio data signal or video data
signal in real time, time information and a packet number
are added to a packet, whereby the receiver can display
a voice or image by using correct time information, can
determine a packet or the like whose order is replaced
in a network, or can detect that a packet is lost by refer-
ring to a packet number.

[0025] Moreover, at the RTP, there is provided a sys-
tem (RTCP) for notifying network state information such
as jitter or packet loss rate from the transmitter or re-
ceiver.

[0026] It is an object of the present invention to pro-
vide a data transmission apparatus and method capable
of adjusting a transmission rate by using the RTP char-
acteristics in accordance with a transmission state of a
transmission channel based on notification of network
state information such as jitter or packet loss rate, ob-
tained from the receiver in the transmitter or capable of
carrying out controls such as changing error resilience,
thereby making it possible to efficiently transmit data to
the maximum, and fully utilize transmission that requires
real time properties.

[0027] According to an aspect of the invention, there
is provided a data transmission apparatus that transmits
transmission data from a transmitter to a receiver via a
transmission channel, comprising: an estimation device
configured to estimate a transmission condition of the
transmission channelin the transmitter based on at least
Jitter information or a packet loss rate obtained from the
receiver; and a controller configured to change at least
one of a bit rate of transmission data and a error resil-
ience level according to the estimated transmission con-
dition.

[0028] According to another aspect of the invention,
there is provided a data transmission method compris-
ing: estimating a transmission condition of the transmis-
sion channel in the transmitter based on at least Jitter
information or a packet loss rate obtained from the re-
ceiver; and changing at least one of a bit rate of trans-
mission data and an error resilience level according to
the estimated transmission condition.

[0029] According to another aspect of the invention,
there is provided a data transmission program stored on
a computer readable medium, comprising: instruction
means for instructing a computer to estimate a trans-
mission condition of the transmission channel in the
transmitter based on at least Jitter information or apack-
et loss rate obtained from the receiver; and instruction
means for instructing the computer to change at least
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one of a bit rate of transmission data and a error resil-
ience level according to the estimated transmission con-
dition.

[0030] This summary of the invention does not nec-
essarily describe all necessary features so that the in-
vention may also be a sub-combination of these de-
scribed features.

[0031] The invention can be more fully understood
from the following detailed description when taken in
conjunction with the accompanying drawings, in which:

FIG. 1 is a view showing a basic configuration of a
datatransmission apparatus according to a first em-
bodiment of the present invention;

FIG. 2 is a view showing another configuration in
the present embodiment;

FIG. 3 is a view showing a configuration of a net-
work condition determination device in the present
embodiment;

FIG. 4 is a view showing a configuration of a video
encoder in the present embodiment;

FIG. 5 is a view showing a configuration of an en-
coded parameter determining device in the present
embodiment;

FIG. 6 is a view showing a basic configuration of a
data transmission apparatus in a second embodi-
ment of the present invention;

FIG. 7 is a view showing a configuration of an en-
coded data switch device in the present embodi-
ment;

FIG. 8 is aview illustrating a timing of encoded data
switching at an encoded data switch device in the
present embodiment;

FIG. 9 is a view illustrating a timing of switching en-
coded data with its different frame interval atthe en-
coded data switch device in the present embodi-
ment;

FIG. 10 is a flow chart showing a basic example of
the network condition determination method at the
network condition determination device in the first
embodiment of the present invention;

FIG. 11 is a flow chart showing a basic example
when a delay is forced to occur by using the network
condition determination method at the network con-
dition determination device in the first embodiment
of the present invention;

FIG. 12 is a flow chart showing a basic example
considering a time direction change with the net-
work condition determination method at the network
condition determination device in the present em-
bodiment;

FIG. 13 is a view showing an exemplary configura-
tion according to a third embodiment of the present
invention;

FIG. 14 is a flow chart showing an example of a
GOP interval calculation method at a GOP interval
calculator in the present embodiment;

FIG. 15 is a flow chart showing another example of
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a GOP interval calculation method at a GOP interval
calculator in the present embodiment; and

FIG. 16 is a flow chart showing still another example
of a GOP interval calculation method at a GOP in-
terval calculator in the present embodiment.

[0032] Hereinafter, embodiments of the present in-
vention will be described with reference to the accom-
panying drawings.

[0033] The present invention utilizes RTP or RTCP
that is a protocol for transferring audio data signal or
video data signal in real time. The transmitter performs
controls such as adjusting a transmission rate or chang-
ing error resilience in accordance with a transmission
state of a transmission channel based on notification of
network state information acquired from the receiver
such as jitter (Jitter information) or packet loss rate. In
this manner, data transmission can be carried out effi-
ciently to the maximum. Hereinafter, embodiments of
the present invention will be described in detail.

(First Embodiment)

[0034] FIG. 1 shows a basic configuration of an image
transmission apparatus according to a first embodiment
of the present invention. In FIG. 1, a video signal 131
input from an image input device 101 is processed to be
encoded. Thatis, an encoded data transmitter 103 proc-
esses encoded data 132 that has been encoded by a
video decoder 102 in the form which conforms to a net-
work, and transmits the encoded data to a receiver. A
network information receiver 104 receives network in-
formation 134 delivered from the receiver, and outputs
the received information to a network condition determi-
nation device 105. This network condition determination
device 105 has a function that determines a network
condition from network information 135 output from the
network information receiver 104, and notifies the result
as network condition information 136 to the video en-
coder 102.

[0035] The video encoder 102 encodes the video sig-
nal 131 using the network condition information 136.
This encoding is carried out as follows. That is, in the
case of RTP or RTCP, a packet loss rate or Jitter infor-
mation is provided to the network condition determina-
tion device 105. The network condition determination
device 105 determines that, if a packet loss rate is not
"0" or if a delay time is longer than a predetermined val-
ue, any load is applied to a network, and a presumed
amount of data cannot be supplied. Then, the network
condition determination device 105 is configured so as
to carry out processing so as to issue an instruction (net-
work condition information 136) for lowering a bit rate to
the video encoder 102, and to lowly set a target bit rate
in encoding.

[0036] According to the thus configured apparatus,
when the video signal 131 is inputted from the image
input device 101, the inputted video signal 131 is encod-
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ed by the video encoder 102. Encoded data 132 encod-
ed by the video encoder 102 is inputted to the encoded
data transmitter 103.

[0037] The encoded data transmitter 103 processes
the encoded data in the form suitable to a network, and
receives the processed data to a receiver. The network
information receiver 104 receives the network informa-
tion 134 delivered from the receiver, and outputs the re-
ceived information to the network condition determina-
tion device 105.

[0038] The network condition determination device
105 determines a network condition from the network
information 135 outputted from a network information
receiver, and notifies the result as the network condition
information 136 to the video encoder 102.

[0039] The video encoder 102 encodes the video sig-
nal 131 using the thus notified network condition infor-
mation 136.

[0040] FIG. 10 shows a very simple example of a
method for determining a network condition at the net-
work condition determination device 105 by way of
showing a flow chart.

[0041] According to this flow chart, at the step S1001,
a packet loss rate of network information is checked to
see if the rate is "0" or not. As the result of this check, if
the packet loss is not "0", an effective bit rate is calcu-
lated from the packet loss rate in accordance with the
step S1002. This bit rate can be calculated by formula
(1) shown below.

b'=bx (1-n ™)

where "b" denotes a current bit rate, b' denotes a
new bit rate, and "r" denotes a packet loss rate.
[0042] Next, at the step S1003, a parameter (encod-
ing parameter) obtained at the step S1002 is notified to
the video encoder 102. Here, the above parameter is
used to determine a rate control or error resilience level
for encode processing at the image encoder 102. This
parameter is also used for adjustments such as adjust-
ing and controlling the encode processing speed of the
inputimage signal 131 to this parameter, thereby chang-
ing abitrate, a frame interval, oran errorresilience level.
[0043] On the other hand, at the step S1001, when
the packet loss rate is "0", no parameter change occurs
atthe step S1004. This determination method is provid-
ed as amere example. Itis possible to employ any other
method for obtaining a bit rate based on a case in which
the criterion of the step S1001 is determined by thresh-
olds without being set to "0" or others or based on a for-
mula other than the above formula (1).
[0044] Therefore, according to the first embodiment,
even when a transmission network bandwidth is un-
known or when the bandwidth changes halfway, it is
possible to reset a parameter or the like based on the
receiver's network information, and then, encode and
transmit an image in accordance with the parameter
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suitable to a current network. In this manner, even in the
case of a network congestion, although a bit rate is au-
tomatically lowered, and an image quality is lowered, it
is possible to communicate an image without an occur-
rence of a phenomenon that an image is destroyed due
to such packet loss. This method is very effective in im-
age transmission in real time.

[0045] The first embodiment can be carried out by
modifying it as follows. For example, as shown in FIG.
11, a method other than that shown in FIG. 10 is em-
ployed as a method for determining a network condition
atthe network condition determination device 105. That
is, in the flow chart shown in FIG. 10, a parameter is set
at only a packet loss rate. In contrast, in the method
shown in FIG. 11, even when no packet loss occurs at
the step S1104, a delay quantity is checked. As a result
of this check, if a delay occurs in excess of a predeter-
mined value, it is determined that a network is congest-
ed. When it is determined that a network is congested,
a bit rate is calculated, and a new parameter is set by
using formula (2) below, for example, at the step S1105.

b' = b X {(TN-TS)+(d-dth)}(TN-TS) @)

where "b" denotes a delay time, b' denotes a new
bit rate, TN denotes a current time, TS denotes a start
time, "d" denotes a delay time, and "dth" denotes delay
time thresholds.
[0046] FIG. 2 shows an example when the network
condition determination device 105 is provided with a
function for generating the network condition informa-
tion 136 so as to provide the information to the image
encoder 102 by extending the configuration shown in
FIG. 1.
[0047] According to a configuration shown in FIG. 2,
the network condition determination device 105 is pro-
vided with a function for acquiring a current parameter
atthe currentimage encoder 102 and a function for gen-
erating the network condition information 136 on what
parameter should be set next from the thus acquired
current parameter and network information 135, thereby
providing the parameter to the image encoder 102.
[0048] In the case of this construction, the network
condition determination device 105 can recognize a
state of a video parameter, i.e., a state of the encode
processing currently done at the video encoder 102,
thus making it possible for the network condition deter-
mination device to calculate and grasp a bit rate or the
like. This construction is advantageous in the case of
determining a network condition by comparing the net-
work information 135 with parameter information 137.
Thus, a system is realized which is capable of changing
a parameter so as to set an optimal bit rate in accord-
ance with the network condition, and providing the pa-
rameter to the video encoder 102, thereby adjusting the
encode processing.
[0049] In this way, according to the present invention,
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transmission is adjusted in accordance with a transmis-
sion state of a transmission channel or error resilience
is changed. The transmission state is adjusted by
changing a bit rate or changing a frame interval. With
respect to achange in quality of atransmission channel,
the error resilience is changed according to the trans-
mission state of the transmission channel (for example,
the error resilience is changed by changing an interval
of an MPEG4 synchronous signal). Therefore, data
transmission can be carried out efficiently to the maxi-
mum, thereby enabling data transmission that makes it
possible to fully utilize transmission requiring real time
processing.

[0050] FIG. 3 shows a configuration when the config-
uration shown in FIG. 2 is further developed. This net-
work condition determination device 105 comprises a
network information storage device 301 that stores past
network information and an encoded parameter infor-
mation storage device 302 that stores encoded param-
eter information supplied to the current video encoder
102. A network condition determination device 303 rec-
ognizesthe past network information and the current en-
coded parameter from these elements, decides an
elapse of time in network condition from these elements
to determine an optimal parameter assigned to the video
encoder 102, and provides the parameter to the video
encoder 102,

[0051] With this construction, it is possible to deter-
mine a network condition more accurately by referring
to an elapse of time relevant to network information.
FIG. 12 shows a flow chart of a network condition de-
termination method in the case of using this system.
Processing at the network condition determination de-
vice 303 will be described in accordance with this flow
chart. First, the network condition determination device
303 determines whether or not packet loss is "0" at the
step S1201. As a result of this determination, when the
packet loss is present, it is determined by the step
S1202 whether or not the past packet loss occurs. As a
result, when the past packet loss occurs, the loss rate
is compared with the current rate. If the current packet
loss rate is higher than the past packet loss rate, it can
be determined that the past correction has been invalid.
[0052] Itis understood from this determination thatthe
bandwidth overflow of transmission data such as net-
work congestion is nottroublesome, but a possibility that
a noise or the like occurs over a channel resulting in
destroying is high. Therefore, the network condition de-
termination device 303 does not change a bit rate at the
step S1204, and carries out parameter setting to ensure
reliable error correction, and notifies the fact to the video
encoder 102 at the step S1205.

[0053] If the current packet loss rate is lower than the
past packet loss rate at the step S1203, the network con-
dition determination device 303 determines that the past
change works efficiently, and re-calculates a valid bit
rate from the packet loss rate at the step S1206. When
the past packet loss does not occur at the step S1202,
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the last loss is determined as a channel noise, and
processing goes to the step S1204.

[0054] Onthe otherhand, when no packetloss occurs
at the step S1201, the network condition determination
device 303 checks a delay quantity at the step S1207.
As aresult, when the delay quantity exceeds thresholds
"Th", a valid bit rate is calculated from the delay quantity
at the step S1208, and the calculation result is notified
to the video encoder 102 at the step S1205.

[0055] Lastly, when the delay quantity does not ex-
ceeds the thresholds "Th", the network condition deter-
mination device 303 determines that successful com-
munication is established, and does not change a pa-
rameter at the step S1209.

[0056] By causing the network condition determina-
tion device 303 to carry out such processing, the net-
work condition determination device 105 can have a
function capable of determining whether a packet loss
occurs on a transmission channel due to network con-
gestion or whether a noise is generated, and the loss
occurs due to the impairment of a channel state such as
radio equipment.

[0057] This function is provided as a mere example.
For example, when the past packet loss does not occur
at the step S1202, a control for lowering a bit rate may
be made by determining network congestion instead of
determination of noise. If the current packet loss rate is
improved more remarkably than the past packet loss
rate at the step S1203, similar parameter change may
be made after checking how the past change has been
made. In this way, in this system, a variety of determi-
nation systems can be set according to a network.
[0058] In the foregoing, although there has been
shown an example in which the video encoder 102 car-
ries out encode processing based on encoded param-
eters determined and assigned at the network condition
determination device 105, a configuration for the video
encoder 102 to determine a parameter can be provided
without being limited to the network condition determi-
nation device 105. An example is shown in FIG. 4.
[0059] FIG. 4 is ablock diagram depicting an inclusive
configuration when the video encoder 102 determines
an encoded parameter. In the case of this example, the
video encoder 102 comprises an encoded parameter
determination device 401 and a signal processor 402.
[0060] In the case of this configuration, the network
condition determination device 105 is configured to out-
put the network condition information 136 from the net-
work condition determination device 303, and then, pro-
vide the information to the video encoder 102.

[0061] In such a configuration, the network condition
determination device 105 provides the network condi-
tion information 136 delivered from the network condi-
tion determination device 303 to the video encoder 102.
Then, the video encoder 102 first inputs the network
condition information 136 to an encoded parameter de-
termination device 401. Then, the encoded parameter
determination device 401 recognizes a network condi-
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tion from this network condition information 136, and
generates an encoded parameter 431 in the form suit-
able to the network condition.

[0062] The thus generated encoded parameter 431 is
inputted to a signal processor 402. Then, this signal
processor 402 encodes the video signal 131 inputted
from the video input device 101 by using this encoded
parameter 431.

[0063] Encoding information 432 such as the number
of encoded bits after encodingis inputted to the encoded
parameter determination device 401, and is used for the
next encoded parameter determination. Encoded data
132 encoded at the signal processor 402 is output to the
encoded data transmitter 103.

[0064] FIG. 5 is a block diagram depicting a configu-
ration including a intra-frame encoding determination
device 501 that forcibly sets intra-frame encoding at the
encoded parameter determination device 401 shown in
FIG. 4. As shown in the figure, the encoded parameter
determination device 401 comprises an intra-frame en-
coding/determination device 501 and an encoded pa-
rameter determination device 502.

[0065] In the case of this configuration, the network
condition information 136 outputted from the network
condition determination device 105 is input to the en-
coded parameter determination device 502 possessed
by the encoded parameter determination device 401.
Then, encoded parameter information 531 correspond-
ing to the network condition information 136 is output
from the encoded parameter determination device 502.
[0066] The encoded parameter information 531 is in-
put to the intra-frame encoding determination device
501, and it is determined whether inter-frame encoding
is carried out as is or intra-frame encoding is forcibly
carried out. When it is determined as intra-frame encod-
ing, the encoding parameter information 531 is updated
so as to carry out intra-frame encoding, and is output as
the encoded,parameter information 431 to the signal
processor 402 of the video encoder 102.

[0067] By doing this, even ifthe past data is not trans-
mitted correctly to a receiver, when the data can be re-
ceived correctly after parameter change, a correct im-
age can be reproduced.

[0068] Itis possible to configure a video encoder ca-
pable of determining a network condition, which has
functions of the video encoder 102 and network condi-
tion determination device 105, thereby making it possi-
ble to provide the previously described function in one
block.

[0069] The encoded parameter determination device
401 or network condition determination device 105
makes determination concerning the next encoded pa-
rameter setting. However, if a picture quality is changed
suddenly due to temporary instability of network, an un-
clear picture may be produced. In order to suppress
such a phenomenon, it is possible to incorporate a
mechanism in which a change in encoded parameter is
suppressed within its predetermined range. Inthe above
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described circumstance, this mechanism functions effi-
ciently.

[0070] Although a bit rate or an error resilience pa-
rameter may be set as its calculated value, it is possible
to employ a method of predetermining some patterns,
and then, selecting the closest pattern from among
them. Further, instead of the closest pattern, it is possi-
ble to make a selection of the closest bit rate which is
lower than the calculated bit rate. This makes it possible
to prevent the generation of a video image with its un-
expected image quality due to a combination of a variety
of parameters, and makes it possible to prepare a com-
bination of encoded parameters that have been tested
to some extent.

[0071] Intheforegoingexample, when the packetloss
rate is not "0" or when a delay exceeds the thresholds,
there has been made a control such that parameters
such as bit rate or error resilience are changed, and the
changed is reset to that suitable to the current state.
[0072] However, after recovery of a network condi-
tion, when no packet loss occurs or when a small delay
occurs, it is possible to make a control for increasing a
bit rate or decreasing an error resilience parameter.
[0073] Theforegoingexample willbe described below
according to a second embodiment.

(Second Embodiment)

[0074] FIG. 6 is a view showing a basic configuration
of an image transmission apparatus according to the
second embodiment of the present invention. The im-
age transmission apparatus shown in FIG. 6 comprises
a plurality of media 601, an encoded data switch device
602, an encoded data selector 603, an encoded data
transmitter 103, a network information receiver 104, and
a network condition determination device 105.

[0075] The storage media 601 are used to store en-
coded data 631 on contents that have been encoded in
advance. The storage media 601 each store encoded
data on the same contents encoded by different encod-
ed parameters, respectively.

[0076] The encoded data switch device 602 selects
one of a plurality of storage media 601, and provides
encoding data 631 stored in the thus selected storage
medium 601 to the encoded data transmitter 103. A se-
lection of the storage media is carried outin accordance
with switch information 632 from the encoded data se-
lector 603.

[0077] The network information receiver 104 has a
function that receives network information 134 such as
packet loss rate or Jitter information delivered from a
receiver or a network, and provides the received infor-
mation as network information 135 to the network con-
dition determination device 105.

[0078] The network condition determination device
105 determines a network condition from the input net-
work information 135, and outputs the result as network
condition information 136 to the encoded data selector
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603. The encoded data selector 603 has a function for
estimating, from this network condition information 1386,
which of the encoded data on encoding parameters is
optimal to the current network, and then, outputting to
the encoded data switch device 602 the switch informa-
tion 632 used for switching in order to select encoded
data caused by the estimated optimal encoding param-
eter as an output.

[0079] The encoded data switch device 602 selects
one item of encoded data from among the input encoded
data 631, and outputs encoded data 132.

[0080] With such a configuration, the encoded data
631 encoded in advance and store in the storage medi-
um 601 or the like is input to an encoding data switch
device 602 when the data is reproduced from the stor-
age medium 601. That is, respective encoded data en-
coded by the differential encoding parameters are main-
tained in a plurality of storage media 601. As a result of
reproducing these items of data, the encoded data en-
coded by the different encoding parameters, respective-
ly, is inputted. The encoded data switch device 602 se-
lects one from among these items of data, and outputs
it to the encoded data transmitter 103.

[0081] This selection is carried out in accordance with
switch information 632 from the encoded data selector
603.

[0082] On the other hand, network information 134
such as packet loss rate or Jitter information from a re-
ceiver is received at the network information receiver
104, and then, the received information is delivered to
the network condition determination device 105. The
network condition determination device 105 determines
a network condition from the inputted network informa-
tion 135, and outputs the result as network condition in-
formation 136 to an encoded data selector 603.

[0083] The encoded data selector 603 estimates,
from the network condition information 136, which of the
encoded data of the encoding parameters is optimal to
the current network, and outputs the switch information
632 to the encoded data switch device 602.

[0084] The encoded data switch device 602 selects
one item of the encoded data from among the input en-
coded data 631, and outputs encoded data 132.
[0085] The present embodiment will be described by
way of a specific example.

[0086] Now, assume that there exist five storage me-
dia 601a to 601e each having stored therein five items
of encoded data encoded at 384 kbps, 128 kbps, 64 kb-
ps, 32 kbps, and 16 kbps.

[0087] Thatis, for example, a storage medium having
stored therein encoded data on contents encoded at
384 kbps is defined as a storage medium 601a; a stor-
age medium having stored therein encoded data on
contents encoded at 128 kbps is defined as a storage
medium 601b; a storage medium having stored therein
encoded data on contents encoded at 64 kbps is defined
as a storage medium 601c; a storage medium having
stored therein encoded data on contents encoded at 32
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kbps is defined as a storage medium 601d; and a stor-
age medium having stored therein encoded data on
contents encoded at 16 kbps is defined as a storage me-
dium 601e.

[0088] In the case of using a transmission channel
having its quality capable of being transmitted at 384
kbps, first, reproduced encoded data is selected by the
storage medium 601a that is a storage medium having
stored therein encoded data on contents encoded at
384 kbps; transmission is started at 384 kbps, and re-
ception of network information from the receiver starts
at the same time.

[0089] Although network information is received at a
predetermined interval, if a problem occurs with a net-
work based on the received information, a valid bit rate
is calculated at a stage at which a packet loss or delay
occurs. The encoded data selector 603 selects encoded
data on a bit rate close to the calculated bit rate, and the
encoded data switch device 602 switches and transmits
the selected data.

[0090] For example, the calculated bit rate is 140 kb-
ps, a value close to this bit rate is 128 kbps. In this case,
the above switch device selects and switches encoded
data reproduced from the storage medium 601b having
stored therein encoded data on contents encoded at
128 kbps. In addition, if the calculated bit rate is 100
kbps, a value close to a bit rate lower than the calculated
bit rate is 64 kbps. In this case, the switch device selects
and switches encoded data reproduced from the stor-
age medium 601c having stored therein encoded data
on contents encoded at 64 kbps.

[0091] In this way, in the present embodiment, con-
tents are prepared after encoded in advance for type of
transmission bit rate, and a current optimal transmission
rate is obtained based on network information such as
packet loss rate or Jitter information from a receiver that
is a function possessed by RTP. A stcrage medium hav-
ing stored therein encoded data obtained at the bit rate
corresponding to this transmission rate is selected by
the switch 602, and reproduced encoded data output of
the storage medium is transmitted. In this manner, there
is no need for a server to carry out encode processing
in real time, making it possible to reduce a load on the
server. This is very effective in distributing a pre-pro-
duced video such as broadcast in particular.

[0092] Now, a modified example of the second em-
bodiment will be described here. FIG. 7 is a block dia-
gram depicting a method for carrying out control for a
switch timing of encoded data to be inputted at the en-
coded data switch device 602.

[0093] Encoded data 631 is inpulted to the switching
position detecting device 701 and a switch device 702.
Switch information 632 is inputted to the switching po-
sition detecting device 701. If there occurs a need to
execute switching from the current encoded data to the
other encoded data according to the switch information
632, the switching position detecting device 701 analyz-
es encoded data, and detects a switching enable posi-
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tion.

[0094] This means that a search is made for a frame
encoded by intra-frame encoding (I-Picture).

[0095] When the switching enable position is set, an
instruction for switching encoded data is supplied to the
switch device 702 by using the switching instruction in-
formation 731. FIG. 8 shows an example of this instruc-
tion. Assume that encoded data A is currently selected,
and there occurs a need to execute switching to encod-
ed data B according to the switch information 632.
[0096] At this stage, assume that a frame is proc-
essed at the time of "switching instruction" shown in FIG.
8. In such a case, if encoded data is switched, an un-
matched image occurs. This is because a difference
from the previous image is encoded in intra-frame en-
coding (P-Picture). Therefore, if encoded data is
switched at the time of P-Picture, an attempt is made to
reproduce the next picture (picture P11 of encoded data
(B)) by using immediately preceding picture (decoded
picture 111 of encoding data (A)). This provides a prob-
lem that a correct decode picture cannot be obtained,
and a picture is destroyed. Thus, there occurs a need
to execute switching at a timing of a picture of intra-
frame encoding (I-Picture) undergoing encoding by that
frame only. This timing is defined as a timing at a position
marked with "execute switching".

[0097] As in FIG. 9, a case in which the number of
frames or time position differs depending on encoded
data is considered. In this case as well, a switching en-
able position of encoded data at a switching destination
is detected, and switching of encoded data is executed
when the switching enable position is set.

[0098] At the switching position detecting device 701
shown in FIG. 7, when a need to execute switching ac-
cording to the switch information 632 occurs, it is pos-
sible to employ a method for temporarily stopping an
output 132 to the encoded data transmitter 103, and
then, outputting new encoded data to the encoded data
transmitter 103 at a stage at which the switching position
is set.

[0099] This method is effective when it is necessary
to suppress a buffer overflow or the like by switching
encoded data. When an underflow is problematic, a
stuffing bit is forcibly inserted, thereby making it possible
to counteract such an underflow.

(Third Embodiment)

[0100] Now, a third embodiment according to the
present invention will be described here.

[0101] The present embodiment describes an exem-
plary configuration of an encoding parameter determi-
nation device 401 of the video encoder 102 shown in
FIG. 4 according to the first embodiment when a time
interval (GOP interval) between frames encoded in ain-
tra-frame encoded mode is adjusted based on the net-
work condition information 136 outputted from the net-
work state determination device 105. Here, a descrip-

20

25

30

35

40

45

50

55

tion will be given by focusing on differences from the first
embodiment.

[0102] FIG. 13 shows an exemplary configuration of
the encoding parameter determination device 401. This
device comprises a GOP interval calculator (GOP inter-
val calculator) 1501 and an encoding parameter deter-
mination device 502.

[0103] The network condition information 136 output-
ted from the network condition determination device 105
(including at least packet loss rate information) is input
to an encoding parameter determination device 502.
The parameter determination device 5§02 inputs packet
loss rate information 1531 of the network condition in-
formation 136 to the GOP interval calculator 1501. The
GOP interval calculator 1501 calculates a GOP interval
from the packet loss rate information 1531. The GOP
interval information 1532 is notified to the encoding pa-
rameter determination device 401. The encoding pa-
rameter determination device 401 outputs encoding pa-
rameter information 431 that contains the inputted GOP
interval information 1532. When internally generated
parameter information exists, the encoding parameter
determination device 401 outputs GOP interval informa-
tion 1532 and encoding parameter information 431 that
contains the internally generated parameter informa-
tion.

[0104] FIG. 14 shows an example of a method for de-
termining a GOP interval at the GOP interval calculator.
[0105] Atthe step S1601, it is determined whether or
not a packet loss occurs from the network condition in-
formation 136. When such a packet loss occurs, the
GOP interval is estimated by formula (3) below, for ex-
ample, at the step S1602.

Gop = (TN - TL)/{(FN - FL) X r} (3)

where "gop" denotes a GOP interval, "r* denotes
a packet loss rate, FN denotes a total number of current
frames, FL denotes a total number of frames during past
calculation, TN denotes a time, and TL denotes a time
during past calculation.
[0106] The GOP interval obtained at the step S1602
is notified to the signal processor 402 at the step S1603,
and encoding is carried out based on the notified value.
[0107] On the other hand, when no packet loss has
occurred atthe step S1601, the default GOP thresholds
are read out at the step S1604. At the step S1603, this
value is notified to the signal processor 402.
[0108] Accordingtothe presentembodiment, itis pos-
sible to change dynamically the GOP interval to a value
suitable to a network. In this manner, when a small
number of errors occur, the GOP interval is increased,
thereby making it possible to reduce wasteful intra-
frame encoded modes in number. In contrast, when a
large number of errors occur, the GOP interval is de-
creased, and a frame in the intra-frame encoded mode
appears quickly, thereby making it possible to acceler-
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ate recovery. In the present embodiment, it is possible
to efficiently select an intra-frame encoded mode.
[0109] FIG. 15 shows another example of a method
for determining a GOP interval at the GOP interval cal-
culator in accordance with a flow chart.

[0110] Inthis example, even when packet loss is few-
erthan that in the system shown in FIG. 14, the network
condition is estimated from the past history of packet
loss at the step S1704, and an optimal GOP interval is
calculated. This technique makes it possible to estimate
whether a network is completely free of an error or an
error may occurs by checking the past history instead
of resetting the GOP interval to the default value by de-
termining that no packet loss occurs at one moment. In
this manner, it is possible to determine the network con-
dition more accurately.

[0111] FIG. 16 shows still another example of a meth-
od for determining a GOP interval at the GOP internal
calculator in accordance with a flow chart.

[0112] In this example, the GOP interval is deter-
mined by a unique calculation system instead of deter-
mination based on the presence/absence of a packet
loss. This system can be used to determine the GOP
interval from the current packet loss rate in accordance
with a single formula or to determine the most suitable
GOP interval by checking the past history.

[0113] Thefollowing formula (4) shows an example of
calculation formula for determining the GOP interval.

Gop = [(TN - TL)A(FN - FL) X 1}] X o @

where "gop" denotes a GOP interval, "r" denotes
a packet loss rate, o denotes a sensitivity coefficient,
FB denotes a total number of current frames, FL de-
notes a total number of frames during past calculation,
TN denotes a current time, and TL denotes a time during
past calculation.
[0114] In this example, the GOP interval calculated
from an actual value is multiplied by a sensitivity coeffi-
cient, thereby making it possible to meet a requirement
for accelerating recovery by sacrificing efficiency or a
requirement when one does not take care even if an ef-
fect of error is somewhat extended. For example, if the
sensitivity coefficient o is setto be smallerthan 1, a GOP
interval which is smaller than that calculated from an ac-
tually measuredvalue is output. In this manner, although
the efficiency is sacrificed, when an error occurs, it is
possible to estimate faster recovery.
[0115] The present embodiment is not limited to for-
mulas (3) and (4). Forexample, in these formulas, a val-
ue is calculated by using an increment during past cal-
culation and subsequent, it is possible to calculate the
value by taking a margin such as the n preceding incre-
ment. In this manner, it is possible to cope with a gradual
change hidden in a change in detailed state or to elimi-
nate a temporal change to some extent. Similarly, algo-
rithms are not limited to those shown in the present em-
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bodiment.

[0116] The foregoing embodiment has described an
exemplary configuration when a time interval (GOP in-
terval) is adjusted, the time interval being between the
frames encoded in the intra-frame encoded mode based
on the network condition information 136 at the encod-
ing parameter determination device 401 of the video en-
caoder 102 shown in FIG. 4 according to the first embod-
iment. Alternatively, there can be provided a configura-
tion in which the network condition determination device
105 according to the first embodiment (FIGS. 1, 2, or 3)
determines atime interval (GOP interval) encoded inthe
intra-frame encoded mode based on information from
the network information or information from the network
information receiver 104 and information from the video
encoder 102, and provides the encoded time interval to
the image encoder 102.

[0117] As described in the first embodiment, it is pos-
sible to configure a video encoder capable of determin-
ing a network condition, the video encoder having func-
tions of the video encoder 102 and network condition
determination device 105, thereby providing the previ-
ously described functions in one block.

[0118] In the foregoing, although a variety of embod-
iments have been described, in short, the present inven-
tion utilizes characteristics of RTP, and comprises a sys-
tem (RTCP) for notifying network state information such
as jitter or packet loss rate from a transmitter or receiver.
At the transmitter, a bit rate of transmission data at the
transmitter is adjusted according to a transmission state
of a transmission channel based on the notification of
network state information acquired from the receiver in
the transmitter such as jitter or packet loss rate so that
control such as change of the error resilience level can
be carried out. Therefore, according to the above de-
scribed present invention, data can be transmitted effi-
ciently to the maximum so as to achieve data transmis-
sion that makes it possible to fully utilize transmission
requiring real time properties as well.

[0119] Thetechniques described in the embodiments
of the present invention can be distributed to be stored
as a computer executable program in a recording me-
dium such as a magnetic disk (such as a flexible disk or
a hard disk); an optical disk (such as CD-ROM, CD-R,
CD-RW, DVD, or MO), and a recording medium such as
a semiconductor memory. Further, the above program
can be distributed by means of transmission via a net-
work.

[0120] According to the present invention, it is possi-
ble to determine a network condition, and then, optimally
set an encoding parameter. In addition, when a packet
loss caused by congestion and a loss of a channel error
coexist in a network, it is possible to determine the loss,
and then, to set a parameter.

[0121] Therefore, according to the present invention,
there can be provided a data transmission apparatus
and method in which data can be transmitted efficiently
to the maximum so as to achieve data transmission that
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makes it possible to fully utilize transmission requiring
real time properties.

Claims

1.

A data transmission apparatus for transmitting
transmission data from a transmitter to a receiver
viaatransmission channel, characterized by com-
prising:

means (105) for estimating a transmission con-
dition of the transmission channel in the trans-
mitter based on at least Jitter information or a
packet loss rate obtained from the receiver; and
means (102) for changing at least one of a bit
rate of transmission data and an errorresilience
level according to the estimated transmission
condition.

An apparatus according to claim 1, characterized
in that the transmitter includes means (102) for
generating encoded data obtained by encoding a
single content at different transmission rates, and
means (603) for selecting optimum encoded data
having optimum bit rate from the encoded data of
the encoded data generating means (102) to adjust
a bit rate of the transmission data in the transmitter
according to the estimated transmission condition.

A data transmission method of transmitting trans-
mission data from a transmitter to a receiver via a
transmission channel, characterized by compris-

ing:

generating encoded data obtained by encoding
a single content at different transmission rates;
estimating a transmission condition of the
transmission channel in the transmitter based
on at least Jitter information or a packet loss
rate obtained from the receiver; and

selecting optimum encoded data having an op-
timum bit rate from the encoded data to adjust
a bit rate of the transmission data in the trans-
mitter according to the estimated transmission
condition.

4. A data transmission method characterized by

comprising:

eslimating a transmission condition of the
transmission channel in the transmitter based
on at least Jitter information or a packet loss
rate obtained from the receiver; and

changing at least one of a bit rate of transmis-
sion data and an error resilience level accord-
ing to the estimated transmission condition.
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5.

6.

7.

8.

A data transmitting apparatus that transmits trans-
mission data from a transmitter to a receiver via a
transmission channel, characterized by compris-

ing:

means (102) for generating plural encoded da-
ta obtained by encoding a single content at dif-
ferent bit rates, in the transmitter;

means (105) for estimating a condition of the
transmission channel based on Jitter informa-
tion or packet loss rate; and

means (603) for selecting encoded data having
an optimum transmission rate from the plural
encoded data according to the estimated trans-
mission condition.

A method of transmitting transmission data from a
transmitter to a receiver via a transmission channel,
the method characterized by comprising:

storing plural encoded data obtained by encod-
ing a content at different bit rates;

estimating a condition of the transmission
channel based on Jitter information or packet
loss rate;

selecting encoded data having optimum trans-
mission rate from the plural encoded data to ad-
just a bit rate of the transmission data in the
transmitter.

A data transmission program stored on a computer
readable medium, the program characterized by
comprising:

instruction means for instructing a computer to
estimate a transmission condition of the trans-
mission channel in the transmitter based on at
least Jitter information or a packet loss rate ob-
tained from the receiver; and

instruction means for instructing the computer
to change at least one of a bit rate of transmis-
sion data and a error resilience level according
to the estimated transmission condition.

A data transmission apparatus, characterized by
comptrising:

receiver means (104) for receiving network in-
formation regarding a condition of a network;
determination means (105) for determining a
network condition based on the network infor-
mation from the receiver means;

encoder means (102) for encoding a video data
signalto generate encoded video data andcon-
trol a bit rate or an error resilience level of the
encoded video data according to the network
condition information; and

transmitter means (103) for transmitting the en-
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coded video data to the network.

An apparatus according to claim 6, characterized
in that the encoder means (102) is supplied with an
encoding parameter as the network condition infor-
mation and generates encoded data whose bit rate
is adjusted according to the encoding parameter,

the determination means (105) includes first
storage means (302) for storing encoding parame-
ter information obtained by the encoder means,
second storage means (301) storing the network in-
formation input by the network information receiver,
and determination means (303) for determine the
encoding parameter by deciding the network con-
dition based on network information input by the
network information receiver, past encoding param-
eter information from the first storage means and
past network information from the second storage
means.

An apparatus according to claim 8, characterized
in that the encoder means (102) includes parame-
ter determination means (401) for determining the
encoding parameter from the network condition in-
formation input from the receiver means, the encod-
er means (102) encoding the video data signal to
generate the encoded video data whose bit rate is
adjusted in correspondence with the encoding pa-
rameter determined by the determination means
(401).

An apparatus according to claim 10, characterized
by including encoding determination means (501)
determine whether a next frame is to be encoded
forcibly in an intra-frame encoding mode, when the
parameter determination means (401) determines
the encoding parameter using the network condi-
tion information.

An apparatus according to claim 8 or 9, character-
ized in that the determination means (105) in-
cludes computation means for computinga GPO in-
terval from the network information input from the
receiver means (104) to generate network condition
information including GOP interval information indi-
cating the GOP interval obtained by the computa-
tion means, and the encoder means (102) encodes
the video data signal according to the GOP interval
information included in the network condition infor-
mation.

An apparatus according to claim 8 or 10, charac-
terized in that the encoder means (102) includes
GOP interval computation means for computing a
GOP interval based on the network information in-
put from the receiver means (104) and encodes the
video data signal according to the GOP interval in-
formation indicating the GOP interval computed by
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14.

15.

16.

22
the GOP interval computation means.

An apparatus according to claim 12 or 13, charac-
terized in that the determination means (105) de-
termines at least a packet loss rate as the network
condition, and the GOP interval computation means
computes the GOP interval based on at least the
packet loss rate.

An apparatus according to claim 8, characterized
by including switching means (602) for switching
among plural encoded data encoded at different
transmission rates, respectively, to select encoded
data having a transmission rate corresponding to
switching information, and selector means (603) for
selecting a transmission rate of encoded data to be
transmitted from the transmitter based on the net-
work condition information outputted from the de-
termination means (105) and output the selected
transmission rate as the switching informationto the
switching means.

An apparatus according to claim 15, characterized
in that the switching means (602) includes a switch-
ing position detector for detecting a switching posi-
tion at which one of the encoded data can be
switched to the other, and when an encoded data
switching signal is generated by the switching infor-
mation output from the selector means (603), the
switching position detector detects the switching
position, to switch the encoded data at the switching
position.
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Description
FIELD OF THE INVENTION

[0001] This invention relates to media streams trans-
mitted in a network, such as the Internet. Especially, the
invention relates to media streams concerning video
pictures and voice.

BACKGROUND OF THE INVENTION

[0002] When media streams that contain continuous
data, for example video pictures and voice, are trans-
mitted in a network, such as the Internet, the speeds of
the media streams have to be adjusted with the speed
of the transmission connection available at the time. Of-
ten, inthe case of video pictures, the adjustment is made
by changing the visual quality of the pictures. The speed
of a transmission connection in the Internet depends
strongly on a user's Internet terminal. Some terminals
supporttechnically higher speed rates than others (usu-
ally older terminals). Thus, speed adjusted media
streams must be offered for a variety of terminals.
[0003] Transmission speed may also vary with time.
For example, when congestion happens in the network,
the transmission speed may decrease considerably. Af-
terthe congestion, the transmission speed returns to the
normal speed rate.

[0004] Nowadays, most of the content of the Internet
is in WWW servers, which use the HTTP protocol for
transmitting desired contents to users. Originally, the
HTTP protocol was not designed for continuous media
streams (video, voice). The problem of the known solu-
tions is that when a media stream has to be adjusted for
achangedtransmission condition, i.e. to be an adaptive
media stream, a special software or protocol must be
used, instead of the HTTP protocol. Real Server® (Re-
alNetworks Inc, Seattle, Washington), Quicktime®
Server (Apple Computers, Cupertino California), and
Windows Media Server® (Microsoft, Redmond, Wash-
ington) are commercial server software, which support
adaptive media streams. These software packages use
special protocols, such as RTP (Real-Time Transport
Protocol) and RTSP (Real Time Streaming Protocol),
which are designed for the adaptive media streams.
[0005] However, using these software packages usu-
ally requires a user to invest and maintain parallel de-
vices and software in addition to the WWW server that
is used to serve other Internet content, such as web pag-
es. User communities such as corporations require sup-
port staff which must be educated to use these systems.
For a service provider this means in practice that a spe-
cial media stream server must be maintained. The goal
of this invention is to eliminate these drawbacks. This is
achieved in a way described in the claims.
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SUMMARY OF THE INVENTION

[0006] The following definitions should be kept in
mind when reading these specifications:

Connection: A transport layer virtual circuit estab-
lished between two programs for the purpose of
communication. A connection can have varying
transmission speed rates.

HTTP transport: An application layer transmission
of data from a file on a server computer to a user
terminal using HTTP 1.1 protocol. One HTTP 1.1
connection can consist of one or several HTTP 1.1
transports.

Stream: A continuous transmission of data over for
example HTTP transport

[0007] An important aspect of the invention is to
change the source of an adaptive media stream when
an available connection speed rate changes. Each
source contains essentially the same information (such
as video and voice), but the suitability of each source
for transmission has been adjusted to a certain connec-
tion speed rate. The coding of the source information
can be different among the sources, which affects the
speed rate. The picture information can be black-and-
white instead of a color picture. The picture size can be
smaller or larger. The video can be with or without voice.
When the source is changed, also a new HTTP trans-
mission for the new source is started for a new stream
containing the information of the new source. In other
words, the adaptive media stream, i.e. the adaptive
stream, comprises at least one media stream for trans-
mitting information.

[0008] In an arrangement according to the invention
a source file is formed. The source file contains a plu-
rality of sources intended for different media streams,
according to such parameters as bandwidth, computing
capability of the receiving terminal, etc. Atthe beginning
of the transmission the optimal transmission speed rate
at the time is chosen according to an information trans-
fer condition. The source in the source file, which corre-
sponds to the available speed rate, is selected to be the
source of the adaptive media stream. When the availa-
ble transmission speed rate changes, eitherto be faster
or slower, a command for changing the source of the
adaptive media stream, is sent from the user's terminal
to the service provider's server, i.e. the source server,
wherein the file of the service is. Preferably commands
are sent using an HTTP protocol. When the available
transmission speed rate changes again, a new com-
mand for changing the source is sent from the user's
terminal to the source server. The commands are sent
when it is possible to use a higher speed rate or when
a lower speed rate must be used.

[0009] In one aspect, the invention thus provides a
method for providing an adaptive media stream be-
tween a sending terminal and a user's terminal wherein
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the adaptive media stream comprises at least one me-
dia stream and the method comprises the steps of
choosing a transmission speed rate for the media
stream, selecting a suitable data source for the media
stream among sources containing essentially the same
information content, each source intended for a certain
information transfer condition and playing the media
stream. During such playing, checking the suitability of
the actual transmission speed rate, and continuing play-
ing the media stream if the transmission speed is still
suitable or selecting a new data source, which is suitable
atthe moment as aresponse forthe selection of the new
data source, playing a new media stream. Those selec-
tion actions continue until the played stream stops.
[0010] Optionally, the step of choosing comprises the
phase of reading a header field of a file, which contains
at least two data sources, the header indicating the start-
ing points of the sources and to which transmission
speed rate each source is indented. Yet another option
calls for the selecting step to include the phase of start-
ing to read from the starting point of the selected source.
[0011] Other aspect of the invention provide for the
step of monitoring to include the phase of monitoring a
filling degree of a buffer for incoming data in the user's
terminal, e.g. if the buffer is becoming empty orfull, then
selecting to continue to play the present media stream
or to start playing another media stream. The informa-
tion of the selection of the new data source may trans-
mitted from the user's terminal to the sending terminal
using a GET method of an HTTP protocol with an op-
tional RANGE field. When a new stream is played, an
optional phases of terminating the old media stream af-
ter starting to play the new media stream and creating
the new media stream before playing the new media
stream is also contemplated.

[0012] If a new stream is selected, according to an-
other aspect of the invention, the step of reading timing
marks in said adaptive media stream for defining the
right point to start playing the new media stream is also
performed. Further, the step of selecting the initial speed
may comprise the phase of reading a header field of
files, where each contains one data source, the header
indicating the starting points of the source and to which
transmission speed rate the source is indented.

[0013] An arrangementfor providing an adaptive me-
dia stream between a sending terminal and a user's ter-
minal, is also contemplated, wherein the adaptive media
stream comprises at least one media stream and the
arrangement comprises:

a) Means in the client terminal for choosing a trans-
mission speed rate for the media stream,

b) A data structure in the sending terminal compris-
ing at least two data sources containing essentially
the same information, each source intended for a
certain transmission speed rate,

c) Means in the client terminal and the sending ter-
minal for selecting a suitable data source from
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among the sources for the media stream,

d) Means inthe user's terminal for checking the suit-
ability of the transmission speed rate when the me-
dia stream is played,

e) Means inthe user'sterminalfor reselecting a suit-
able data source from among the sources for a new
media stream.

[0014] An arrangement as described above may fur-
ther comprise means for playing the data structure in a
way that the playing is started from the right point of the
data structure. Preferably, means a) comprises means
for reading a message from the user's terminal, which
defines alternative transmission speed rates. Further
preferably, each source comprises timing marks, which
indicate the corresponding point in the other sources.
More preferably, the arrangement further comprises a
GET method of an HTTP protocol with an optional
RANGE field for transmitting the information of the re-
selection of the suitable data source from the user's ter-
minal to the sending terminal. In another preferable em-
bodiment, means d) comprises means for monitoring a
filling degree of a buffer for incoming data in the user's
terminal. It also preferable that the data structure is a
file containing the data sources. Alternatively, the data
structure may be a number of files, each of them con-
taining one data source.

[0015] Means c) may further comprise means for
reading a header of the data structure, which indicates
the starting points of the sources and to which transmis-
sion speed rate each source is intended. Means c) may
further comprise means for reading headers of the files,
which indicate the starting point of the source and to
which transmission speed rate the source is intended.

[0016] In yet another aspect, the invention teaches a
method for storing adaptive media stream data compris-
ing the steps of storing a plurality of media streams,
each representing a substantially similar information
content, and each adapted for a different set of informa-
tion transfer conditions; and providing a plurality of
pointers into a first of said media streams, said pointers
associated with a source location in one of said media
streams and pointing to at least one target location in a
second of said media streams; wherein the information
content of said target location is substantially a contin-
uation of the information content prior to said source lo-
cation.

[0017] Preferably, said plurality of media streams is
contained in a single file. Said pointers are preferably
embedded within said adaptive media stream data, and
comprise target locations pointer comprises a byte off-
setinto said single file. Alternatively, said target location
pointer comprises an offset into said second source
stream, within said single file. Another alternative teach-
es that said target locations pointers comprise a pointer
to another file containing said second media stream or
a portion thereof. Optionally in this case, said target lo-
cation pointer further comprises a byte offset into said
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other file.
BRIEF DESCRIPTION OF THE DRAWINGS
[0018] In the following the invention is described in

more detail by means of Figs. 1 - 3 in the attached draw-
ings where.

FIG. 1 illustrates an example of the structure of afile
according to the invention,

FIG.2 illustrates an example of a flow chart describ-
ing the function of the inventive arrangement,

FIG. 8 illustrates an example of an arrangement ac-

cording to the invention.
DETAILED DESCRIPTION OF THE INVENTION

[0019] FIG. 1 describes an example of a file structure
according to the invention. The file is in the service pro-
vider's server (source server) from where users can
stream it. For example the file contains a video in two
different formats. At the beginning of the file there exists
a header 1, which contains starting bytes for two differ-
ent media sources - the sources for the media stream.
Source 1, called stream 1 contains video data in a res-
olution of 320240, for a speed rate 200 kbps (kilobit per
second) 2. The starting byte 4 for that video data is byte
2000 inthefile. Source 2, called stream 2 contains video
data in a resolution of 160*120 optimized for a speed
rate 40 kbps 3. The starting byte of that video data 5 in
the file is at byte 800000. If the network and a user's
terminal support the transmission speed rate 200 kbps
then stream 1 is sent to the user - otherwise stream 2 is
sent. In this embodiment, all data feeds are assumed to
support communication at a speed of at least 40 kbps.
It should be noted that stream 1 and 2 are sources i.e.
the parts of the file structures in this example, and a me-
dia stream is a continuous transmission of data of a
source over a transmission protocol. The transmission
protocol used can be any protocol. in this textthe HTTP
protocol is used.

[0020] Stream 1 is sent, i.e. streamed, to the user.
Stream 1 (and the media stream for it as well) contains
timing marks 6, 7, 8, 9. The timing marks are embedded
in stream 1 at a various locations, and cotrelate the in-
formation in the two separate resolution streams. Thus
the timing marks of stream 1 in the example of Fig. 1
indicate the byte of the file where the stream is running
at the time and the corresponding byte 6A, 7A, 8A, 9A,
in stream 2. If for some reason, the network can not
transmit stream 1 with 200 kbps, or the user's terminal
can not receive at this speed rate, the transmission of
the video is changed to stream 2. For example, when
the need to change the speed rate to a lower one is no-
ticed and the most recently received (or alternatively the
next) timing mark is, let's say, the mark 7 indicating time
1000 ms, it tells the corresponding byte 805000 in
stream 2 to where the source of the transmission of the
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video transfers 11.
[0021] Similarly, stream 2 (and the media stream for
it) contains timing marks 10, 11, 12, 13, which point to
the location of corresponding information in stream 1,
as shown by the corresponding byte 10A, 11A, 12A,
13A,in stream 1. When the capability of transmitting 200
kbps is noticed during the transmission at 40 kbps rate,
the transmission of the video is changed to stream 1.
For example, when the availability of the higher speed
rate is noticed and the next timing mark is the mark 13
indicating time 3000 ms, the corresponding byte 77000,
located in stream 1, points to the location of correspond-
ing information in stream 1 sothe source of transmission
is shifted to stream 1, using data stored in location 9
onwards.
[0022] FIG.2shows an example of a flow chart, which
illustrates a function and method of the invention. FIG.
3 shows an example of the inventive arrangement.
When a user visits a home page of a service provider,
he/she may find something he wants to order, such as
avideo show. The video player client running in the user
terminal sends 34 a request message from the terminal
33 to the service provider's server 31 through the net-
work 32, such as the Internet, to get the show using a
GET method, which is one of the methods defined inthe
HTTP1.1 protocol. Let the request be:

GET http://www.serviceprovider.com/video/mu-
sic/songi.video. HTTP/1.1
[0023] Often, the connection speed rate depends on
the available (and optional) connection and processing
speeds of the terminal. At the beginning, the first stream
which is sent works like a test stream. The test stream,
i.e. the first stream preferably forms the first part of the
file structure, which preferably contains data for the low-
est bandwidth. Thus the first stream over the HTTP
transport also contains a list of alternative speed rates.
The player in the client terminal chooses 21 one of the
supported speed rate from the list. (It should be noted
that the server can be informed of the capability of a
terminal or the available bandwidth using other tech-
niques and the specific method of learning the link ca-
pabilities is a matter of technical choice to one skilled in
the art.) In this example, the user's terminal supports
speed rates of 200 kbps and 40 kbps. Let's assume that
the desired file 36 is the file in FIG. 1. If the speed rate
of 200 kbps 22 is available, stream 1 is selected 24. Oth-
erwise, the speed rate of 40 kbps 23 is chosen and
stream 2 is selected 25. (Notice that the higher speed
rate means the higher bandwidth.)
[0024] In the selection of the speed rate of 200 kbps
the server starts to play 26 stream 1 beginning at byte
(2000) of the file. The data and the timing marks are sent
35 to the user's terminal during the play. The terminal
checks 28 frequently that the currently available band-
width is sufficient for the selected stream. If the band-
width is sufficient, playing stream 1 is continued. If the
bandwidth becomes unavailable for stream 1, stream 2
is selected 210 and stream 2 starts to play 27, 311 be-
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ginning at the byte of the file defined by the latest timing
mark. The bandwidth of stream 2 is checked 29 similarly
as the bandwidth of stream 1, and when the bandwidth
is again available for the speed rate of 200 kbps, stream
1 is selected 211.

[0025] In the selection of the speed rate of 40 kbps
the server starts to play 25 stream 2 from the right byte
(800000) of the file. The data and the timing marks are
sent 35 to the user's terminal during the play. The ter-
minal checks 29 frequently that the bandwidth is okay
for the selected stream. If the bandwidth is still restricted
to 40 kbps, playing stream 2 is continued. If the band-
width rise to a level sufficient to support 200 kbps trans-
mission, stream 1 is selected 211 and stream 1 starts
to play 26, and is sent 311 to the terminal 33 beginning
at the byte of the file defined by the latest timing mark.
The bandwidth of stream 1 is checked 28 similarly as
the bandwidth of stream 2, and when the bandwidth is
again too slow for the speed rate of 200 kbps, stream 2
is selected 210.

[0026] The checking of the bandwidth of the streams
can be made, for example, measuring a filling degree of
a buffer for incoming data connection in the user's ter-
minal. When the buffer is becoming empty, the required
bandwidth for current stream is too high compared to
what is available through the network connection, and
the speed rate should be dropped. When the buffer is
becoming full, bandwidth for current stream is lower
than what is available through the network connection,
and the speed rate can be raised. After the measure-
ment, the suitable stream source is selected 210, 211
and a GET command with an additional field RANGE is
sent 310 from the user's terminal to the server for chang-
ing the stream. For example, let the GET command be
GET http://www.serviceprovider.com/video/music/
song3video RANGE: bytes= 805000- when the trans-
mission speed rate changes from 200 kbps to 40 kbps.
[0027] Itis worth noting that preferably, when a stream
is changed, a new HT TP transport (and naturally a new
media stream) is started and the old media stream is
terminated after the new media stream starts playing.
From the view of the user the desired file, such as a vid-
eo show, seems to continue without any break because
the new stream starts playing from the byte indicated by
the timing mark, thus the information continuity is main-
tained, despite the media stream switch. So, when the
source is changed, also a new HTTP transport is creat-
ed for the new stream, i.e. media stream, instance and
for the new source. Thus the adaptive media stream, i.
e. the adaptive stream, is made up of one media stream
or several consecutive media streams. Since the con-
secutive media streams carry essentially the same data,
a user gets a visual impression of continuous shows. In
other words, the adaptive media stream comprises at
least one media stream for transmitting information. The
HTTP 1.1 protocol provides a feature called Persistent
Connections. Persistent Connection means that several
requests (such as GET), can be sent via one TCP con-
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nection. Thus one connection may carry several con-
secutive streams. However, it should be noted that sev-
eral TCP connections may be needed or used for trans-
mitting consecutive streams.

[0028] Furthermore, it may be said that the adaptive
media stream comprises several (or one if the speed
rate remains the same during the whole transmission)
instances (separate streams) of the same object (the
adaptive media stream containing information such as
video). Naturally, there are more ways to model the
adaptive media stream, but common for these models
are that transmission of information of the adaptive
stream, (the stream of a continuous data, such as video
over one or several connections) happens in one or sev-
eral consecutive media streams over a transport proto-
col, each media stream adapted for certain conditions,
and certain links or pointers periodically connect or
cross connect the media streams in essentially content
coherent fashion. Thus varying transmission conditions
may dictate how many suitable media streams are sent
forming together the adaptive stream.

[0029] For creating the inventive arrangement an ini-
tial selection module 39 (i.e. means) for choosing an
original transmission speed rate and selecting a suitable
source in a service provider's server is needed. |n a us-
er's terminal another estimation module 37 (i.e. means
for checking transmission rate) is needed, for checking
the suitability of the transmission speed rate as reselec-
tion module 38 (i.e. means) for reselecting a suitable
source are needed.

[0030] Although, the processing and network connec-
tion speed of a user's terminal is mostly the decisive el-
ement when selecting a suitable transmission speed
rate, itmay happen that the network itself becomes con-
gested. In congestion, the available speed rate decreas-
es and the transmission speed rate must be lowered.
On the other hand, if the network allows a higher speed,
the transmission speed rate may be increased.

[0031] Using the inventive arrangement, an adaptive
media stream can be served from with acommon HTTP
server. Therefore, there is no need for the use of a spe-
cial media stream server, or parallel devices and soft-
ware. Remarkable cost savings are achieved, since
usually service providers and users support the HTTP
protocol. Also the reliability of the system increases be-
cause of fewer sources of faults.

[0032] It is clear that inventive arrangement can be
implemented in many ways. For example, the time pe-
riod between two timing marks can be different than in
the example of this text. It can be any suitable period
depending on the features of a solution, such as 2 or 4
seconds. The format of the inventive file can be any suit-
able format as well, such as MPEG or another.

[0033] The inventive file may comprise more than two
different streams (containing the same content), from
which the most suitable stream is selected at any given
time. Therefore, timing marks must contain a number of
references for the corresponding byte in the other data
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sources.
[0034] All the sources do not have to be in the same
file, but each source can be a separate file. However,
the use of this kind of structure is not as efficient when
attempting to use as little processing power as possible
compared to the use of one file structure. In the structure
of several files, timing marks must indicate the right file
with the corresponding byte.

[0035] Although, a sending terminal have been de-
scribed to be a server in the examples above, it is clear
that the sending terminal can be another terminal capa-
ble of sending information.

[0036] Similarly other mechanisms are known and
suitable to measure and select the most appropriate
source. Such methods may be server based or user ter-
minal based, or even utilize intermediate network nodes
to estimate network congestion and bandwidth, and
similar measurements that are indicative of total node
to node capacity, as well as specific node capabilities,
and the selection of sources (and media streams) may
be carried out in various ways that will provide the best
end-user experience according to varying conditions.
[0037] According to the above-mentioned matters, it
is evident that the invention is not restricted to the solu-
tions described in this text, but it can be modified for
various solutions, in the scope of the inventive idea.

Claims

1. A method for providing an adaptive media stream
between a sending terminal and a user's terminal
characterized in that the adaptive media stream
comprises at least one media stream and the meth-
od comprises the steps of:

a) choosing a transmission speed rate for the
media stream,

b) selecting a suitable data source forthe media
stream among sources containing essentially
the same information, each source intended for
a certain transmission speed rate,

¢) playing the media stream,

d) checking the suitability of the transmission
speed rate,

e) either continuing playing the media stream if
the transmission speed is still suitable or,

f) selecting a new data source, which is suitable
at the moment,

g) as a response for the selection of the new
data source, playing a new media stream,

h) repeating steps d) to g) until the stream,
which is played, stops.

2. A method according to claim 1 characterized in
that step b) comprises the phase of reading a head-
er field of a file, which contains at least two data
sources, the header indicating the starting points of
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10.

the sources and to which transmission speed rate
each source is intended.

A method according to claim 2 characterized in
that step c) comprises the phase of starting to read
from the starting point of the selected source.

A method according to claim 1 or 3 characterized
in that step d) comprises the phase of monitoring
a filling degree of a buffer for incoming data in the
user's terminal.

A method according to claim 4 characterized in
that if the buffer is becoming empty or full, then step
f) is chosen, else step e) is chosen.

A method according to claim 1 or 5 characterized
in that the information of the selection of the new
data source is transmitted from the user's terminal
to the sending terminal using a GET method of an
HTTP protocol with an optional RANGE field.

A method according to claim 1 characterized in
that step g) comprises phases of terminating the
old media stream after starting to play the new me-
dia stream and creating the new media stream be-
fore playing the new media stream.

A method according to claim 1 or 7, characterized
in that step g) further comprises the phase of read-
ing timing marks in the data source for defining the
right point to start playing the new media stream.

A method according to claim 1 characterized in
that step b) comprises the phase of reading a head-
er field of files, where each contains one data
source, the header indicating the starting points of
the source and to which transmission speed rate the
source is intended.

An arrangement for providing an adaptive media
stream between a sending terminal and a user's ter-
minal, characterized in that the adaptive media
stream comprises at least one media stream and
the arrangement comprises:

a) means in the sending terminal for choosing
atransmission speed rate forthe media stream,
b) a data structure in the sending terminal com-
prising at least two data sources containing es-
sentially the same information, each source in-
tended for a certain transmission speed rate,
¢) means in the sending terminal for selecting
a suitable data source from among the sources
for the media stream,

d) means in the user's terminal for checking the
suitability of the transmission speed rate when
the media stream is played,
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e) means in the user's terminal for reselecting
a suitable data source from among the sources
for a new media stream.

An arrangement according to claim 10, character-
ized in that the arrangement further comprises
means for playing the data structure in a way that
the playing is started from the right point of the data
structure.

An arrangement according to claim 11, character-
ized in that means a) comprises means for reading
a message from the user's terminal, which defines
alternative transmission speed rates.

An arrangement according to claim 11, character-
ized in that each source comprises timing marks,
which indicate the corresponding point in the other
sources.

An arrangement according to claim 13, character-
ized in that the arrangement further comprises a
GET method of an HTTP protocol with an optional
RANGE field for transmitting the information of the
reselection of the suitable data source from the us-
er's terminal to the sending terminal.

An arrangement according to claim 11, character-
ized in that means d) comprises means for moni-
toring a filling degree of a buffer for incoming data
in the user's terminal.

An arrangement according to claim 11, character-
ized in that the data structure is a file containing
the data sources.

An arrangement according to claim 16, character-
ized in that means ¢) comprises means for reading
a header of the data structure, which indicates the
starting points of the sources and to which trans-
mission speed rate each source is intended.

An arrangement according to claim 11, character-
ized in that the data structure is a number of files,
each of them containing one data source.

An arrangement according to claim 18, character-
ized in that means c) comprises means for reading
headers of the files, which indicate the starting point
of the source and to which transmission speed rate
the source is intended.
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Description

[0001] The present invention relates to a method of
transmitting data streams between a sending host and
a receiving host using a transport protocol such as TCP.
[0002] In network communications between a send-
ing host and a receiving host, the transmission of data
packets is mostly done on a best-effort basis. In the
communication link, the available bandwidth and the
current link conditions vary and hence, the end hosts
must be provided with mechanisms to probe and adjust
themselves to the current link conditions.

[0003] With the development of 3rd generation net-
works, so-called streaming applications are gaining im-
pertance. Streaming applications are understood as a
continuous stream of data, e.g. video or audio data
which is typically sensitive to time delays. In order that
the user will be able to receive multimedia data streams
on a portable receiver, for example a mobile phone, sev-
eral requirements on the transport mechanism will be
imposed in order that the delivered data meets with the
resulting time constraints. These constraints are difficult
to meet in a best-effort environment, which is subject to
bandwidth variations and delays.

[0004] To cope with the problem of bandwidth adap-
tion, it is common praxis to make several data streams
with different encoding rates but same content available
at the sending host. According to the available band-
width, it is then switched between the data streams in
order to adjust the rate to the available bandwidth. In
other words, multi-rate content streams at the sending
host are transmitted and switching operations between
streams are performed depending on the available
bandwidth. The current stream is forwarded to the re-
ceiving host in one piece and consequently, for every
switching operation, the ongoing connection must be
torn down and a new one must be set up. As a result,
this operation is inefficient and decreases the data
throughput.

[0005] Alternatively, it is possible to transmit only one
stream of data to the receiving host and to discard data
packets based on priority and time constraints. Howev-
er, this leads to a loss of data and is therefore not an
optimal solution.

[0006] The object subject to the present invention is
to minimize the latency of the switching operation and
to ensure fast recovery from an incorrect switching de-
cision.

[0007] This object is solved according to the present
invention with a method as setforth in claim 1. Preferred
embodiments of the method are subject to various de-
pendent claims.

[0008] The method of the presentinvention supposes
the existence of multi-rate content data streams at the
sending host. With the method of the present invention,
itis possible to quickly switch between data streams that
are variably segmented at the application layer as re-
quired during transmission. Instead of using data
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streams of fixed segment length, the data segments giv-
en to the socket are made smaller before, during and
after the switching. For each content several video
streams encoded with different rates are stored at the
video server. Under normal sending conditions, i.e. the
transmission has reached some equilibrium where the
bandwidth is enough and the losses are not dominating,
the video content is passed to the sending TCP socket
in segments of the same size (irregardless of the stream
encoding rate, the segment size is a function of the link,
not of the encoding rate). Only when the server is noti-
fied (or knows by other means) that a stream switch
might be needed, then it reduces the size of these seg-
ments.

[0009] Further, with the method of the present inven-
tion, it is neither necessary to modify the originally en-
coded data atthe sending host orto modify the transport
protocol nor to introduce additional control messages,
making the method easy to implement.

[0010] Preferably, the switching is performed be-
tween data streams of different rate and the variable
segmentation of the data streams is performed around
the switching instant. Hence, a quick stream switching
from the old to the new data stream can be performed.
Further, preferably, the segmentation during, before or
after the switching instance is made finer, such that the
switching operation is more resilient to an incorrect de-
cision and enables a quicker, further switching opera-
tion.

[0011] Advantageously, the step of swilching be-
tween streams involves a feedback message (e.g. an
RTSP command) i.e. communication between hosts
when a switching operationis needed and when to make
the necessary preparations therefor, for example, to
start with finer segmentation.

[0012] It is furthermore of advantage if the feedback
message includes at least one of the parameters, which
comprise the length of data segment, an identifier of the
data to be sent or a stream control command which
makes the operation smoother and less susceptible to
data losses.

[0013] Preferably, the length of the data segments is
gradually increased after a switching instant to reduce
interface communication, i.e. between application and
TCP socket.

[0014] The presentinvention will be more fully under-
stood from the following detailed description with refer-
ence to the accompanying drawings which show:
Figure 1: the basic architecture of a sending host
and a receiving host connected by a com-
munications network in which the method
subject to the present invention can be
performed,

Figure 2:  ablock diagram of a server architecture as
the sending host in which the method of
the present invention is performed, and
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Figure 3: a block diagram of a client architecture.
[0015] Figure 1 illustrates the basic architecture of a
communications network for connecting a video server
as a sending host to a video client acting as a receiving
host. The communications network is, for example, a
UMTS core network, an external network, such as the
internet or an internal intranet over which the server and
the client communicate by means of a transport proto-
col. As transport protocol TCP is selected as an exam-
ple, butitis clearto a skilled person that any other trans-
port protocol for transmitting data can be employed.
[0016] In amore general way, it will now be explained
how TCP handles the exchange of data between the
server and the client.

[0017] First of all, the video server needs to transfer
its data to the protocol and tell it to send same to the
client. To progressively read and send data, the protocol
uses a kind of buffer with added functionalities, a so-
called TCP socket. Generally, sockets are unequivocal-
ly identified by the IP addresses of the correspondents,
the protocols and ports which are used. Once a connec-
tion between two sockets is established, the communi-
cation can be controlled by use of interface calls, which,
for example may comprise "create a socket", "bind a
socket to a transport address”, "accept” or "close a con-
nection", "send", "receive" or "write" data between the
sender and the receiver.

[0018] Wide-spread socket implementations are UN-
IX BSD 4.2 and Windows Winsock 2.0, where equiva-
lent interface calls are implemented.

[0019] Each interface call has parameters, e.g. forthe
"send" call, parameters of relevance are the socket de-
scriptor, the identifier of the data to be sent and the
length of the data stream. Once a data stream is passed
in one call, no single bit of this data stream can be mod-
ified. The only way to abort transfer of this data stream
is to break down the connection.

[0020] Nevertheless, in orderto close the connection,
the application must explicitly issue a "close" call. Inter-
face calls can be queued as, for example, in FTP. When
asked for afile, the FTP server usually issues two inter-
face calls for this transmission, namely a "send" call in-
dicating the socket, the identifier of the data stream and
the length thereof and a "close" call identifying the sock-
et. The two interface calls are put into the queue and
when the "send" call is completed, the connection is ir-
reversibly broken down because the "close" call was
next in the queue.

[0021] Alternatively, for example, in case of TELNET,
the connection is established and the socket is set to
wait for incoming data, i.e. commands typed on the key-
board.

[0022] Of course, the application can be configured
such that the server only issues a send call and waits
for the client to close. However, this is uncommon.
[0023] Additionally, it is assumed that the TCP proto-
col provides a means for asynchronously signaling cer-
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tain information about events in the socket. Often in the
specification, the information will be an error message.
In other cases, there will be information relating to the
completion of processing a SEND or RECEIVE or an-
other interface call.

[0024] Referring again to Figure 1, the video server
provides, e.g. an MPEG 4 compressed data stream, i.
e. a given video content, which is made available to the
TCP socket in the form of mono-rate or multi-rate
streams. Multi-rate streams are defined for the purpose
of this and the following description, as one or several
data streams with the same video content at different
encoding rates. The MPEG data streams are forwarded
to the TCP socket. Subsequently, by means of an IP pro-
tocol, data is transmitted to the video client. A stream
control protocol, e.g. RTSP, should be used to perform
such operating as PLAY, PAUSE or STOP the transmis-
sion.

[0025] With reference to Figure 2, which shows the
basic architecture of a video server 200, at the MPEG
server application 210, video content is made available
in a buffer 211 at different coding rates. A switch 212,
which receives stream control RTSP commands from
RTSP block 220, such as "Play", "Pause", "Tear down"
or "Change rate", selects one of the data streams which
is forwarded to the TCP socket 230 in form of an MPEG
file.

[0026] It is clear to a skilled person that other stream
control protocols than RTSP could be used atthe server
and the client. The stream control protocol typically in-
structs to perform play, forwarding, rewinding, pause or
stop functions. Additionally, if multi-rate content is avail-
able, switch to a higher or lower encoding rate can be
instructed.

[0027] Once a server has received a request for a file
containing a chosen content encoded at a desired rate,
the server application forwards each of the segments,
in which the file was previously segmented, one after
another to the TCP socket by means of consecutive in-
terface calls, e.g. consecutive SEND calls. Unlike in cur-
rent FTP applications, the connection is not torn down
after each data transmission process is completed. The
data connection remains open, so that there is no need
to build up a new connection every time a segment is
transmitted. Following this, the TCP socket forms with
these segments packet data units (PDUs) for transmis-
sion to the client, as it finds most appropriate

[0028] Upon establishing a connection,the TCP sock-
et selects a segment size for the data streams which the
server finds most appropriate for the link under consid-
eration of the channel bandwidth and starts transmitting.
[0029] Initially, the size of the segments is made small
before, during and after a switching operation in order
to avoid a large waiting time before a further switch op-
eration can be performed in case the previous switch
decision was incorrect. Subsequently, the size of the da-
ta segments can be increased gradually throughout the
connection time.
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[0030] Eventually, when there is a change in the avail-
able link bandwidth, the video client shall indicate a pos-
sible switch operation by means of, for example, an RT-
SP message and the server will start doing finer seg-
mentation. Hence, the server switches between data
streams of different encoding rates. This is done based
on initial information and subsequently controlled by
feedback from the client. Alternatively, this could be de-
termined by the server, which would, however, impose
processing requirements on the server. Alsc a combi-
nation of controlmechanisms atthe server and the client
is possible. How the server or the client exactly makes
the decision to perform a switching operation or indi-
cates a possible anticipated switch is out of the scope
of the present invention.

[0031] The basic architecture of a TCP streaming cli-
ent 300 is illustrated in Figure 3. The client 330 typically
consists of a TCP socket 310, an application layer buffer
320 and a buffer manager 330 for the application layer
buffer.

[0032] The client 300 processes the data segments
of variable length as they come. In response thereto, it
sends ACKs and performs flow control in order to pre-
vent an overflow of the TCP socket 310 while extracting
the maximum bit rate possible from the link. To do this,
the TCP socket indicates to the server, with each ACK,
how much data it can receive until the socket is full using
a window field in the header of the TCP protocol. If need-
ed, the TCPclient signals a zero-window telling the serv-
er to enter a "Persist” mode wherein no data is sent until
the client allows to do so while the connection is main-
tained. The Persist mode and the signaling of a window
field are standard functionalities of the TCP protocol.
When the TCP circuit has capacity for more data, it sig-
nals this to the server. Streaming control commands are
signalled to the server by means of RTSP commands.
[0033] The application layer buffer 320, also called
"play-out buffer" receives data from the socket and
transmits same to the MPEG client application 340. The
manager 330 for the application layer buffer 320 re-
ceives a frame request from the MPEG client application
and issues a socket request upon considering the state
of the application layer buffer. The buffer manager 320
therefore insures that the bit rate with which the TCP
socket 310 can deliver the new data to the application
layer buffer 320 matches the bit rate at which the appli-
cation layer buffer is emptied to the MPEG client appli-
cation 340. The exact control mechanism of the buffer
manager is out of the scope of the present invention.
[0034] Finally, from the MPEG client application, the
data is transferred to a display 350 for visualization for
the user.

Claims

1. A method of transmitting data streams between a
sending host and a receiving host using a transport
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10.

protocol comprising the steps of:

making available data streams at the sending
host in form of mono-rate or multi-rate content
streams having same content but different en-
coding rates,

establishing a connection between the sending
host and the receiving host for the duration of
transmission,

transmitting data streams of the same content
with a selected encoding rate to the receiving
host, and

separating the data streams in data segments
of variable length at the sending host as re-
quired during the established connection.

The method according to claim 1, further compris-
ing the steps of switching between data streams of
different rate and performing the variable segmen-
tation of the data streams around the switching in-
stant.

The method according to claim 1 or 2, wherein the
data streams are finer segmented during, before or
after the switching instant.

The method according to claim 2, wherein the step
of switching between streams involves a feedback
message.

The method according to claim 4, wherein the feed-
backmessage includes signalling at least one of the
parameters which comprise data segment length,
an identifier of the data to be sent or a stream control
command.

The method according to one of claims 1-5, wherein
the receiving host communicates to the sending
host when a stream switching is needed.

The method according to one of claims 1-6, wherein
the sending host determines the timing of the
switching instant dependent on the available band-
width of the communication link.

The method according to one of claims 1-7, wherein
the length of the data segments is gradually in-
creased after a swilching instant.

The method according to one of claims 1-8, wherein
the received data streams at the receiving host are
temporarily stored in an internal buffer.

The method according to one of claims 1-9, wherein
the receiving host issues stream control commands
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to the sending host depending on the state of the
internal buffer.
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Description
BACKGROUND
Technical Field:

[0001] The invention is related to controlling the coding bit rate of streaming media, and more particularly to a system
and process for controlling the coding bit rate of streaming media data that provides fast startup, continuous playback,
and maximal quality and smoothness over the entire streaming session.

Background Art:

[0002] Perhaps the major technical problem in streaming media on demand over the Internet is the need to adapt to
changing network conditions. As competing communication processes begin and end, the available bandwidth, packet
loss and packet delay all fluctuate. Network outages lasting many seconds can and do occur. Resource reservation and
quality of service support can help, but even they cannot guarantee that network resources will be stable. If the network
path contains a wireless link, for example, its capacity may be occasionally reduced by interference. Thus it is necessary
for commercial-grade streaming media systems to be robust to hostile network conditions. Moreover, such robustness
cannot be achieved solely by aggressive (nonreactive) transmission. Even constant bit rate transmission with re-trans-
missions for every packet loss cannot achieve a throughput higher than the channel capacity. Some degree of adaptivity
to the network is therefore required.

[0003] End users expect that a good streaming media system will exhibit the following behavior: content played back
on demand will start with low delay; once started, it will play back continuously (without stalling) unless interrupted by
the user; and it will play back with the highest possible quality given the average communication bandwidth available.
To meet these expectations in the face of changing network conditions, buffering of the content at the client before
decoding and playback is required.

[0004] Bufferingatthe client serves several distinct but simultaneous purposes. First, it allows the client to compensate
for short-term variations in packet transmission delay (i.e., "jitter"). Second, it gives the client time to perform packet
loss recovery if needed. Third, it allows the client to continue playing back the content during lapses in network bandwidith.
And finally, it allows the content to be coded with variable bit rate, which can dramatically improve overall quality. Note
that even so-called constant bit rate (CBR) coded content is actually coded with variable bit rate within the constraints
of a decoding buffer of a given size. The larger the decoding buffer size, the better the quality. The required decoding
buffering is part of the larger client buffer.

[0005] The size of the client buffer can be expressed as the number of seconds of content in the buffer, called the
buffer duration. The buffer duration tends to increase as content enters the buffer and tends to decrease as content
leaves the buffer. Content leaves the buffer when it is played out, at a rate of v seconds of content per second of real
time, where vis the playback speed (typically 1 for normal playback, but possibly more than 1 for high speed playback
or less than 1 for low speed playback). Content enters the buffer when it arrives at the client over the network, at a rate
of r/r, seconds of content per second of real time, where r, is the arrival rate, or average number of bits that arrive at
the client per second of real time, and r, is the coding bit rate, or the average number of bits needed to encode one
second of content. Thus the buffer duration can be increased by increasing r,, decreasing r,, and/or decreasing v (and
vice versa for decreasing the buffer duration). Although the buffer duration can be momentarily controlled by changing
r, or changing v, these quantities are generally not possible to control freely for long periods of time. The arrival rate r,
on average is determined by the network capacity, while the playback speed v on average is determined by user
preference. Thus if the network capacity drops dramatically for a sustained period, reducing the coding bit rate .. is the
only appropriate way to prevent a rebuffering event in which playback stops (v=0) while the buffer refills.

[0006] Thus, adaptivity to changing network conditions requires not only a buffer, but also some means to adjust the
coding bit rate r, of the content. This can be done by stream switching in combination with multi bit rate (MBR) coding
or coarse grained or fine grained scalable coding. Today’s commercial streaming media systems [1] rely on MBR coding
as well as thinning, which is a form of coarse grained scalability. In MBR coding, semantically identical content is encoded
into alternative bit streams at different coding bit rates and stored in the same media file at the server, allowing the
content to be streamed at different levels of quality corresponding to the coding bit rates r,, possibly using bit stream
switching [2]. In coarse grained scalable coding (such as MPEG-2/4 temporal or SNR scalability) the content is encoded
into several sub-streams or layers, so that the coding bit rate r, can be changed in large deltas by adding or dropping
(at possibly restricted times) one layer of content at a time. Thinning is a special case of coarse grained scalability in
which dependent video frames (P and B frames) are dropped before independent video frames (I frames), which are in
turn are dropped before audio frames. Future commercial systems may support fine grained scalability (FGS) as well.
Fine grained scalable coding (such as 3D SPIHT [6], MPEG-4 FGS[7], or EAC [8]) allows the coding bit rate r.to change
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at any time in deltas sometimes as small as one byte per presentation. FGS coding offers great flexibility in adapting to
variable network conditions, and can demonstrably improve quality under such conditions.

[0007] Some examples of existing technology that adjusts the coding bit rate r, of the content in an attempt to adapt
to changing network conditions includes de Cuetos and Ross [9], which decouples the transmission rate and the coding
bit rate. They assume that the transmission rate is determined by the network transport protocol (TCP or TFRC). Based
on this, they develop a heuristic real time algorithm for adaptive coding bit rate control and compatre its performance to
an optimal offline coding bit rate control policy if the transmission rate is given prior to streaming. The work of Rejaie,
Handley and Estrin [4] proposes a scheme for transmitting layered video in the context of unicast congestion control,
which basically includes two mechanisms. One mechanism is a coarse-grained mechanism for adding and dropping
layers (changing the overall coding bit rate and quality). The other is a fine-grained interlayer bandwidth allocation
mechanism to manage the receiver buffer (not changing the overall coding bit rate or quality). A potential issue with this
approach is that it changes the coding bit rate by adding or dropping one (presumably coarse) layer at a time. If the
layers are fine-grained, as in the case of FGS coded media, then adding or dropping one (fine-grained) layer at a time
typically cannot provide a prompt enough change in coding bit rate. Moreover, since the adding and dropping mechanism
is rather empirical, the mechanism may simply not be suitable for FGS media. The work of Q. Zhang, Zhu and Y-Q.
Zhang [5] proposes a resource allocation scheme to adapt the coding bit rate to estimated network bandwidth. The
novelty of their approach is that they consider minimizing the distortion (or equivalently maximizing the quality) of all
applications, such as file-transfers and web browsing in addition to audio/video streaming. However, their optimization
process does not include the smoothness of individual streams and might lead to potential quality fluctuations.

[0008] However, even with buffering and the ability to adjust the coding bit rate, existing technologies for streaming
media on demand over the Internet suffer from two problems:

1. Playback often stalls during network congestion. That is, during playback of high bit rate content, if the network
bit rate drops below the content bit rate, the client buffer runs out of content and playback stops while the client
rebuffers (known as a "rebuffering" event).

2. Start-up delay is often too long (about 5 seconds).

There are existing solutions to both of these problems, but they do not always work well. One solution to the first problem
is to stream the content encoded at a coding bit rate that is low relative to the average bit rate transmitted over the
network (the transmission bit rate). This will enable the buffer to build up overtime. With such a large reserve of unplayed
information on the client, temporary network congestion will not affect playback. However, this solution has two problems.
First, the coding bit rate of the content is not as high as the average transmission bit rate of the network and hence the
quality is lower than it could be. Second, the buffer can grow nearly as large as the streamed file itself. This may demand
too many resources on the client device.

[0009] Another solution to the first problem is to try to maintain the client buffer at a constant level (typically about 10
seconds), while switching between different coding bit rates for the same content, trying to match the transmission bit
rate of the network. However, rebuffering events are still commonly observed in practice, because choosing the right
time to switch streams is difficult. One reason that it is difficult is that there are natural variations in the instantaneous
coding bit rate of the content, even in so-called constant bit rate encodings, which can confuse the client buffer man-
agement algorithm.

[0010] The second problem above (long start-up delay) also has multiple solutions. One solution is to fill up the client
buffer quickly, with a quick initial transmission rate burst. With the client buffer full, playback can safely begin. However,
this solution has several problems. First, it is only applicable when there is sufficient "headroom" in the network to
increase the transmission bit rate for a few seconds. Thus it is usually not applicable for modem connections, forexample.
Second, it stresses the network, causing other applications in the network to back off. It has been shown that during the
burst period, there can be as much as 80% packet loss, causing all TCP connections sharing the same bottleneck to
back off. Third, by implication, if there is headroom in the network for bursting, then the streaming application may not
be using the full bandwidth available to it during the remainder of the file, meaning that quality is lower than it should be.
[0011] Another solution to the second problem is to play back the content slower than real time, allowing playback to
begin while the client buffer builds up. This is an innovative solution, but has the obvious temporal distortion.

[0012] A final solution to the second problem is to lower temporarily the coding bit rate of the content below the
transmission bit rate of the network, allowing playback to begin while the client buffer builds up. This is a solution proposed
by Chou et al. in [13].

[0013] The system and process of the present invention resolve the problems of the existing techniques and provide
fast startup, continuous playback, and maximal quality and smoothness over the entire streaming session.

[0014] It is noted that in the preceding paragraphs, as well as in the remainder of this specification, the description
refers to various individual publications identified by a numeric designator contained within a pair of brackets. For
example, such a reference may be identified by reciting, "reference [1]" or simply "[1]". A listing of references including
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the publications corresponding to each designator can be found at the end of the Detailed Description section.
SUMMARY

[0015] The present invention is directed toward a system and process for controlling a coding bit rate of streaming
media data being transmitted to a client from a server over a computer network. In general, this coding bit rate control
involves dynamically adjusting the coding bit rate of the streaming media data to control the client buffer duration. The
purpose of this is to prevent the client buffer from underflowing, while keeping the average coding bit rate close to the
average transmission bit rate of the network (an thus maximizing the quality of the playback of the data). The problem
of coding bit rate control is formulated as a standard problem in linear quadratic optimal control, in which the client buffer
duration is controlled as closely as possible to a target level. The smoothness of the average coding bit rate over
consecutive frames is also considered when deciding whether to change the coding bit rate as part of the optimal control
process. This yields a higher and more stable quality as network conditions change. In addition, the natural variation in
the instantaneous coding bit rate that occurs for a given average coding bit rate is explicitly take into consideration. This
is accomplished by incorporating the leaky bucket model into the control loop so that the changes in buffer duration due
to natural variation in the instantaneous coding bit rate are not mistaken for changes in buffer duration due to network
congestion. It is noted that in the present system and process, it is not the actual fullness of the client buffer that is
controlled, but an upper bound on the time of arrival of bits into the client buffer, to a target level. The upper bound is
based on the leaky bucket model of the coding bit rate.

[0016] Preventing the client buffer from underflowing, while keeping the average coding bit rate close to the average
transmission bit rate of the network, meets two of the aforementioned user expectations. Namely, if the buffer never
underflows, it allows for continuous playback. In addition, keeping the average coding bit rate close to the average
transmission bit rate of the network means the data is played back with the highest possible quality given the average
communication bandwidth available. This leaves the remaining issue of startup delay. This issue is resolved in the
present system and process by controlling the size of the client buffer over time. More particularly, the aforementioned
client buffer target level is adjusted to start small, and then grow slowly over time. If the buffer is initially small, it allows
for shorter startup delay. In addition, as the buffer is eventually allowed to grow large, it enhances the robustness of the
system as well as creating high, nearly constant quality. Thus, client buffer management is a key element affecting the
performance of streaming media systems.

[0017] More particularly, the present system and process involves a server generating a streaming media data stream
that exhibits one of a number of coding bit rates supported by the server. Initially, the server chooses the coding bit rate
during a startup period. However, after the startup period, the client provides coding bit rate requests to the server. In
response, the server transmits the streaming media data at the most appropriate supported coding bit rate closest to
the rate requested by the client. The coding bit rates requested by the client are those estimated to provide a high quality
playback of the streaming media data while still keeping a decoder buffer of the client used to receive streaming media
data from the server filled to a desired duration level.

[0018] The client computes the coding bit rate that will provide the desired results on an ongoing basis using the
aforementioned linear quadratic optimal control technique. This coding bit rate computation involves determining on a
frame-by-frame basis a coding bit rate that reduces a difference between an estimated latest anticipated arrival time of
the frame under consideration and a prescribed target arrival time, while at the same time reducing the change in the
coding bit rate to a prescribed degree. In one embodiment involving the aforementioned leaky bucket model, the coding
bit rate computations are based onparameters indicative of the state ofthe encoderbuffer of the server. These parameters
are computed by the server and provided to the client along with the streaming media data.

[0019] More particularly, the server first computes a set of parameters defining an initial state of the encoder buffer
as it would exist if a data stream corresponding to a supported coding bit rate where streamed therefrom. A separate
set of parameters is computed for each of the supported coding bit rates, and are provided to the client in a preamble
to the streaming media data. These parameters include the coding bit rate associated with the data stream, the size of
the encoder buffer employed with the coding bit rate of the data stream, and a value indicative of the initial encoder
buffer fullness exhibited at the coding bit rate of the data stream. It is noted that the size of the encoder buffer employed
with each supported coding bit rate varies and is chosen so as to be the minimum size buffer that will still contain the
data stream at any point in the streaming process given the coding bit rate and the initial encoder buffer fullness.
[0020] In addition to the initial encoder buffer parameters, the server also computes an upper bound gap for each
frame of the streaming media data generated for each coding bit rate supported by the server. This upper bound gap
is defined as the number of data bits that the server’s encoder buffer can contain over the bits currently contained therein
after a just-generated frame is fully input into the buffer. More particularly, the upper bound gap for each frame is
computed as the difference between the encoder buffer size and the last computed value for an encoder buffer fullness
after insertion of the just-generated frame. The encoder buffer fullness value after insertion of the just-generated frame
is computed as the sum of the last computed value of the encoder buffer fullness value prior to insertion of the just-
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generated frame and the size of that just-generated frame. The encoder buffer fullness value prior to insertion of the
just-generated frame is computed as either zero, or the difference between the value computed for the encoder buffer
fullness after the insertion of the frame generated immediately before the just-generated frame and the coding bit rate
associated with that prior frame divided by the instantaneous frame rate associated with said prior frame, whichever is
larger. The instantaneous frame rate is equal to the reciprocal of, the time the next frame is scheduled to be encoded
less the time the just-generated frame was encoded. In one embodiment, the server provides the upper bound gap
computed for the first frame of a sequence of frames generated after a change in the coding rate to the client along with
an indication of the coding bit rate associated with the sequence of frames as part of the data associated with the first
frame of the sequence. In another embodiment, the server provides the gap value with every frame generated.

[0021] The client employs the encoder buffer parameters and the upper bound gap values to determine on a frame-
by-frame basis the coding bit rate that will reduce a difference between the estimated latest anticipated arrival time of
a frame under consideration and a prescribed target arrival time of that frame, in order to keep the client buffer at
approximately the desired duration level. In cases where the upper bound gap is only provided with the first frame after
a change in the coding bit rate, the client estimates the upper bound gap for the frames that do not include a gap value.
It is also noted that given the aforementioned initial encoder buffer conditions, it is possible for the client to estimate the
upper bound gap values for every frame received. Thus, an alternate embodiment where the server is not configured
to compute and provide the gap values on an ongoing basis, the client computer can still compute them on its own.
[0022] When a frame with a new average coding bit rate arrives at the client there is a shift in the upper bound gap.
This shift can be on the order of seconds and hence, rather than being negligible, can be confusing to the controller.
One solution to this is to introduce a simultaneous shift in the control target schedule. To this end, the server also
computes a shift value for each frame representing the first frame after a codingbit rate change. This shift value represents
the difference between the upper bound gap that would be associated with the frame generated immediately before this
first frame had it been encoded at the new coding bit rate and the upper bound gap actually associated with the frame
as encoded at the previous coding bit rate. The shift value is provided to the client along with the first frame after a
change in the coding bit rate. The client shifts the currently scheduled target arrival time associated with the just received
"first" frame by the shift value provided, and the currently scheduled target arrival times for future frames are shifted
such that they collectively approach, over a period of time, and eventually coincide with, the previous target arrival times
for those frames. In this way the adverse effects of an upper bound gap shift when the coding bit rate is changed are
mitigated and the target arrival time values are eventually brought back in line.

[0023] Inregard to the target arrival time for each frame, these are chosen so as to make the amount of time between
the target time of a frame and its playback time large enough, after the startup period, that network jitter, delays and
throughput changes which may cause the actual arrival time of the frame to be after its target arrival time do not result
in the frame arriving after its scheduled playback time. During the startup period, the target arrival times are chosen so
as to make the target arrival time closer to the playback time to assist in reducing startup delay. In one embodiment this
is accomplished by setting the target arrival time for each frame using a logarithmic target schedule. In another embod-
iment this is accomplished by setting the target arrival time for each frame using a two-piece linear target schedule
where the difference between the target arrival time and the playback time for a frame arriving during the startup period
increases linearly to a prescribed amount of time that is large enough to account for the network jitter, delays and
throughput changes and after which the difference remains substantially constant.

[0024] It is noted that the startup delay can be further minimized by beginning playback of the first frame of the
streaming media data when the client’s decoder buffer has the minimum amount of data therein that is needed to ensure
an underflow condition does not occur at the initial coding bit rate. Still further, the initial coding bit rate can be setto a
level that is less than the anticipated arrival rate of the streaming media data at the client since the minimum amount of
data needed to ensure an underflow condition does not occur, decreases as the arrival rate increases relative to the
coding bit rate. Thus, in the startup period before the client request changes in the coding bit rate, the server provides
the streaming media data at the initial coding bit rate. In one embodiment, the initial coding bit rate is set to approximately
one-half the anticipated arrival rate, where the anticipated arrival rate is estimated to be the anticipated transmission
rate from the server at the current bandwidth available on the network. It is noted that the startup period can be defined
as the period of time prior to the first instance of an estimated latest arrival time of a frame under consideration computed
for the initial coding bit rate being earlier than a target arrival time for that frame.

[0025] In regard to the client identifying the coding bit rate for each frame that also reduces the change in the coding
bit rate to a prescribed degree, it is noted that the prescribed degree can vary depending on whether the coding bit rate
increased. If it did increase, then the prescribed degree to which any future change in the coding bit rate is minimized
is made greater in comparison to the prescribed degree in cases where the last change in the coding bit rate decreased
the rate. Still further, it is also desirable to minimize quality variations due to large or frequent changes to the coding bit
rate. In order to stabilize the code bit rate changes, the following actions can be taken. First, in the case where the client
identifies a new coding bit rate that represents an increase, a new coding bit rate would be requested from the server
only if the new rate does not exceed the current moving average arrival rate of the frames. In another embodiment, the
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new coding bit rate representing an increase would only be requested from the server, even if it exceeds the current
moving average arrival rate of the frames, if the current client buffer duration exceeds the desired duration level by an
amount that it is estimated will not be expended at the higher coding bit rate prior to the passing of a prescribed period
of time (e.g., 60 seconds). However, in a case where the client identifies a new coding bit rate that represents a decrease,
a new coding bit rate would be requested from the server even if it represents a significant departure from the immediately
previous coding bit rate. This is because there is little risk in the client buffer underflowing when the coding rate is
decreased.

[0026] Inregard to the aforementioned moving average arrival rate of the frames, a new procedure for computing this
rate is employed with the present system and process. More particularly, the moving average arrival rate is computed
on a packet-by-packet basis, by calculating the product of the moving average arrival rate computed for the immediately
preceding packettoacurrently received packet and afractional weighting factor, added tothe product of the instantaneous
arrival rate of the currently received packet and one minus the fractional weighting factor. In this computation, the
fractional weighting factor is not a constant as in the past, but instead is based on the inter-arrival gaps between received
packets. More particularly, the fractional weighting factor B(k) for a currently received packet k is computed as

Rt (L)

e [tk 3100}

_e"a

- 1000] where « is the reciprocal of a prescribed time constant, (k) is the actual arrival time of the
1‘“ e"‘a’;zf‘xgﬂ' 3]

current packet, f(k-1) is the actual arrival time of the packet received immediately prior to the current packet, and #{0) is
the arrival time of the first packet of the streaming media data. In this case, the instantaneous arrival rate r(k) of the
b(k)
current packet k is computed as ~————~—————, where b(k) is the size of the current packet. If b(k) is expressed
(k) ~1,(k=1)
in bits and (k) - t,(k- 1) is expressed in seconds, then the moving average arrival rate represents the arrival rate of

the streaming media data bit bits per second. It is noted that a similar procedure can be employed for any arbitrary units
of rate of the streaming media.

[0027] As mentioned previously, the server generates data streams that exhibit one of a number of coding bit rates
supported by the server, and transmits data streams at the most appropriate supported coding bit rate closest to the
rate requested by the client. The number of available coding bit rates will depend on how the data is encoded. For
example, if a fine grain scalable coding scheme is used theoretically there could be a large number of rates available
(although for practical reasons the number is more likely to be lower, e.g., 50). However, if a coarse grain scalable coding
scheme or a multiple bit rate coding scheme is employed, there could be a more limited number of coding bit rates
available from the server. Thus, in some cases an optimum coding bit rate identified by the client may not be available
from the server. In addition, even if there is a matching coding bit rate available, the upper bound gap may be such that
switching to that rate would risk a client buffer underflow. Given this, the present system and process includes techniques
for determining the most appropriate coding bit rate, from the available rates, in view of the optimum coding bit rate
identified by the client. It is noted that the available rates could be provided to the client from the server in a preamble
to the streaming media data. In such a case, the client itself would perform the analysis and request the resulting
supported coding bit rate from the server. However, in an alternate embodiment, the client would request the optimum
coding bit rate it identified, and the server would perform the analysis to determine which supported rate is most appro-
priate. The server would then provide a data stream exhibiting the selected coding bit rate. In either case, the analysis
involves finding a supported coding bit rate that is equal to, or if none are equal, the closest smaller rate to, the optimum
coding bit rate identified by the client. Whenever the supported coding bit rate found is lower than the coding bit rate
associated with the last generated frame of the streaming media data, all future frames (or those beginning with a frame
specified by the client) are generated at that supported rate. However, when the supported coding bit rate found is higher
than the coding bit rate associated with the last generated frame, it is determined if a difference between the upper
bound gap associated with the last generated frame had it been encoded at the supported coding bit rate found and the
upper bound gap associated with that frame encoded at the current coding bit rate, is less than or equal to a maximum
allowable difference value. If the difference is less than the maximum allowable difference value, the affected future
frames are generated at the supported rate found. But, if the difference is not less than the maximum allowable difference
value, the next lower supported coding bit rate is found and the foregoing actions are repeated to ultimately identify the
appropriate rate.

[0028] The maximum allowable difference value is computed by the client, and if the server is doing the analysis, the
client provides the value along with the request for data at the new coding bit rate. The client chooses the maximum
allowable difference value such that the latest anticipated arrival time associated with a frame provided by the server
immediately prior to a frame under consideration by the client, had it been coded at the requested coding bit rate, is no
more than aprescribedfraction of the way fromthat frame’s target arrival time to its playback deadline (e.g., 1/3 ofthe way).
[0029] In addition to the just described benefits, other advantages of the present invention will become apparent from
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the detailed description which follows hereinafter when taken in conjunction with the drawing Fig.s which accompany it.
DESCRIPTION OF THE DRAWINGS

[0030] The specific features, aspects, and advantages of the present invention will become better understood with
regard to the following description, appended claims, and accompanying drawings where:

FIG. 1 isa diagram depicting a general purpose computing device constituting an exemplary system forimplementing
the present invention.

FIG. 2 is block diagram of a simplified streaming media communication pipeline.

FIG. 3 is a graph showing schedules at which bits in the coded bit stream pass points A, B, C and D in the commu-
nication pipeline of Fig. 2 in terms of bits vs. media time.

FIG. 4 is a graph showing a buffer tube containing a coding schedule in terms of bits vs. media time.

FIG. 5 is a graph showing an arrival schedule and its upper bound in client time vs. media time, where the upper
bound is controlled to a target schedule that is increasingly in advance of the playback deadline to provide greater
robustness over time.

FIG. 6 is a graph showing a target arrival schedule design.

FIGS. 7(a)-(b) are graphs showing two different target arrival schedules. Fig. 7(a) shows a logarithmic schedule
and Fig. 7(b) shows a two-piece linear schedule.

FIG. 8 is a graph showing buffer tubes for various transmission rates.
FIG. 9 is a graph illustrating exponential averaging.
FIG. 10 is a graph showing buffer tube changes and control target adjustments.

FIGS. 11A-C show a flow chart diagramming an embodiment of the coding bit rate control process according to the
present invention.

FIG. 12is atimeline illustrating the conservative limit used in the conservative coding bit rate up-switching procedure.
DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

[0031] In the following description of the preferred embodiments of the present invention, reference is made to the
accompanying drawings which form a part hereof, and in which is shown by way of illustration specific embodiments in
which the invention may be practiced. It is understood that other embodiments may be utilized and structural changes
may be made without departing from the scope of the present invention.

I. The Computing Environment

[0032] Before providingadescription of the preferred embodiments ofthe present invention, a brief, general description
of a suitable computing environment in which portions of the invention may be implemented will be described. Fig. 1
illustrates an example of a suitable computing system environment 100. The computing system environment 100 is only
one example of a suitable computing environment and is not intended to suggest any limitation as to the scope of use
or functionality of the invention. Neither should the computing environment 100 be interpreted as having any dependency
or requirement relating to any one or combination of components illustrated in the exemplary operating environment 100.
[0033] The invention is operational with numerous other general purpose or special purpose computing system en-
vironments or configurations. Examples of well known computing systems, environments, and/or configurations that
may be suitable for use with the invention include, but are not limited to, personal computers, server computers, hand-
held or laptop devices, multiprocessor systems, microprocessor-based systems, settop boxes, programmable consumer
electronics, network PCs, minicomputers, mainframe computers, distributed computing environments that include any
of the above systems or devices, and the like.
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[0034] The invention may be described in the general context of computer-executable instructions, such as program
modules, being executed by a computer. Generally, program modules include routines, programs, objects, components,
data structures, etc. that perform particular tasks or implement particular abstract data types. The invention may also
be practiced in distributed computing environments where tasks are performed by remote processing devices that are
linked through a communications network. In a distributed computing environment, program modules may be located
in both local and remote computer storage media including memory storage devices.

[0035] With reference to Fig. 1, an exemplary system for implementing the invention includes a general purpose
computing device in the form of a computer 110. Components of computer 110 may include, but are not limited to, a
processing unit 120, a system memory 130, and a system bus 121 that couples various system components including
the system memory to the processing unit 120. The system bus 121 may be any of several types of bus structures
including a memory bus or memory controller, a peripheral bus, and alocal bus using any of a variety of bus architectures.
By way of example, and not limitation, such architectures include Industry Standard Architecture (ISA) bus, Micro Channel
Architecture (MCA) bus, Enhanced ISA (EISA) bus, Video Electronics Standards Association (VESA) local bus, and
Peripheral Component Interconnect (PCl) bus also known as Mezzanine bus.

[0036] Computer 110 typically includes a variety of computer readable media. Computer readable media can be any
available media that can be accessed by computer 110 and includes both volatile and nonvolatile media, removable
and non-removable media. By way of example, and not limitation, computer readable media may comprise computer
storage media and communication media. Computer storage media includes both volatile and nonvolatile, removable
and non-removable media implemented in any method or technology for storage of information such as computer
readable instructions, data structures, program modules or other data. Computer storage media includes, but is not
limited to, RAM, ROM, EEPROM, flash memory or other memory technology, CD-RQOM, digital versatile disks (DVD) or
other optical disk storage, magnetic cassettes, magnetic tape, magnetic disk storage or other magnetic storage devices,
or any other medium which can be used to store the desired information and which can be accessed by computer 110.
Communication media typically embodies computer readable instructions, data structures, program modules or other
data in a modulated data signal such as a carrier wave or other transport mechanism and includes any information
delivery media. The term "modulated data signal" means a signal that has one or more of its characteristics set or
changed in such a manner as to encode information in the signal. By way of example, and not limitation, communication
media includes wired media such as a wired network or direct-wired connection, and wireless media such as acoustic,
RF, infrared and other wireless media. Combinations of the any of the above should also be included within the scope
of computer readable media.

[0037] The system memory 130 includes computer storage media in the form of volatile and/or nonvolatile memory
such as read only memory (ROM) 131 and random access memory (RAM) 132. A basic input/output system 133 (BIOS),
containing the basic routines that help to transfer information between elements within computer 110, such as during
start-up, is typically stored in ROM 131. RAM 132 typically contains data and/or program modules that are immediately
accessible to and/or presently being operated on by processing unit 120. By way of example, and not limitation, Fig. 1
illustrates operating system 134, application programs 135, other program modules 136, and program data 137.
[0038] The computer 110 may also include other removable/non-removable, volatile/nonvolatile computer storage
media. By way of example only, Fig. 1 illustrates a hard disk drive 141 that reads from or writes to non-removable,
nonvolatile magnetic media, a magnetic disk drive 151 that reads from or writes to a removable, nonvolatile magnetic
disk 152, and an optical disk drive 155 that reads from or writes to a removable, nonvolatile optical disk 156 such as a
CD ROM or other optical media. Other removable/non-removable, volatile/nonvolatile computer storage media that can
be used in the exemplary operating environment include, but are not limited to, magnetic tape cassettes, flash memory
cards, digital versatile disks, digital video tape, solid state RAM, solid state ROM, and the like. The hard disk drive 141
is typically connected to the system bus 121 through a non-removable memory interface such as interface 140, and
magnetic disk drive 151 and optical disk drive 155 are typically connected to the system bus 121 by a removable memory
interface, such as interface 150.

[0039] The drives and their associated computer storage media discussed above and illustrated in Fig. 1, provide
storage of computer readable instructions, data structures, program modules and other data for the computer 110. In
Fig. 1, for example, hard disk drive 141 is illustrated as storing operating system 144, application programs 145, other
program modules 146, and program data 147. Note that these components can either be the same as or different from
operating system 134, application programs 135, other program modules 136, and program data 137. Operating system
144, application programs 145, other program modules 146, and program data 147 are given different numbers here
to illustrate that, at a minimum, they are different copies. A user may enter commands and information into the computer
110 through input devices such as a keyboard 162 and pointing device 161, commonly referred to as a mouse, trackball
or touch pad. Other input devices (not shown) may include a microphone, joystick, game pad, satellite dish, scanner,
or the like. These and other input devices are often connected to the processing unit 120 through a user input interface
160 that is coupled to the system bus 121, but may be connected by other interface and bus structures, such as a parallel
port, game port or a universal serial bus (USB). A monitor 191 or other type of display device is also connected to the
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system bus 121 via an interface, such as a video interface 190. In addition to the monitor, computers may also include
other peripheral output devices such as speakers 197 and printer 196, which may be connected through an output
peripheral interface 195. A camera 192 (such as a digital/electronic still or video camera, or film/photographic scanner)
capable of capturing a sequence of images 193 can also be included as an input device to the personal computer 110.
Further, while just one camera is depicted, multiple cameras could be included as input devices to the personal computer
110. The images 193 from the one or more cameras are input into the computer 110 via an appropriate camera interface
194, This interface 194 is connected to the system bus 121, thereby allowing the images to be routed to and stored in
the RAM 132, or one of the other data storage devices associated with the computer 110. However, it is noted that
image data can be input into the computer 110 from any of the aforementioned computer-readable media as well, without
requiring the use of the camera 192.

[0040] The computer 110 may operate in a networked environment using logical connections to one or more remote
computers, such as a remote computer 180. The remote computer 180 may be a personal computer, a server, a router,
a network PC, a peer device or other common network node, and typically includes many or all of the elements described
above relative to the computer 110, although only a memory storage device 181 has been illustrated in Fig. 1. The
logical connections depicted in Fig. 1 include a local area network (LAN) 171 and a wide area network (WAN) 173, but
may also include other networks. Such networking environments are commonplace in offices, enterprise-wide computer
networks, intranets and the Internet.

[0041] WhenusedinaLAN networking environment, the computer 110 is connected to the LAN 171 through a network
interface or adapter 170. When used in a WAN networking environment, the computer 110 typically includes a modem
172 or other means for establishing communications over the WAN 173, such as the Internet. The modem 172, which
may be internal or external, may be connected to the system bus 121 via the user input interface 160, or other appropriate
mechanism. In a networked environment, program modules depicted relative to the computer 110, or portions thereof,
may be stored in the remote memory storage device. By way of example, and not limitation, Fig. 1 illustrates remote
application programs 185 as residing on memory device 181. It will be appreciated that the network connections shown
are exemplary and other means of establishing a communications link between the computers may be used.

[0042] The exemplary operating environment having now been discussed, the remaining parts of this description
section will be devoted to a description of the program modules embodying the invention.

Il. Problem Formulation
A. Temporal Coordinate Systems

[0043] It will pay to distinguish between the temporal coordinate systems, or clocks, used to express time. Herein,
media time refers to the clock running on the device used to capture and timestamp the original content, while client
time refers to the clock running on the client used to play back the content. It is assumed that media time is real time
(i.e., one second of media time elapses in one second of real time) at the time of media capture, while client time is real
time at the time of media playback. The symbol 1 is used to express media time and the symbol tto express client time,
with subscripts and otherarguments to indicate corresponding events. For example, 140),T£1),T42),... is usedto express
the playback deadlines of frames 0,1,2,... in media time, while 4(0),t{1),t(2),.. is used to express the playback deadlines
of frames 0,1,2,... at the client. Content may be played back at a rate vtimes real time. Thus the conversion from media
time to client time can be expressed as

[:[C‘:*;'-T*TOS (1)

Vv

where t, and 1, represent the time of a common initial event, such as the playback of frame 0 (or the playback of the
first frame after a seek or rebuffering event) in media and client coordinate systems, respectively.

B. Leaky Bucket Model

[0044] For the moment imagine a scenario in which both the encoder 200 and the decoder 202 run in real time over
an isochronous communication channel of a network 204. In this case, to match the instantaneous coding bit rate to the
instantaneous channel rate, an encoder buffer 206 is required between the encoder 200 and the network 204 and a
decoder buffer 208 is required between the network 204 and the decoder 202, as illustrated in Fig. 2. A schedule is
the sequence of times at which successive bits in the coded bit stream pass a given point in the communication pipeline.
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The graphin Fig. 3 illustrates the schedules of bits passing the points A, B, C, and D in Fig. 2. Schedule A is the schedule
at which captured frames are instantaneously encoded and put into the encoder buffer. This schedule is a staircase in
which the nth step rises by b(n) bits at time t(n), where t(n) is the time at which frame n is encoded, and b(n) is the
number of bits in the resulting encoding. Schedules B and C are the schedules at which bits respectively enter and leave
the communication channel. The slope of these schedules is R bits per second, where R is the communication rate of
the channel. Schedule D is the schedule at which frames are removed from the decoder buffer and instantaneously
decoded for presentation. Note that Schedule D is simply a shift of Schedule A. Note also that Schedule B is a lower
bound to Schedule A, while Schedule C is an upper bound to Schedule D. Indeed, the gap between Schedules A and
B represents, at any point in time, the size in bits of the encoder buffer, while the gap between Schedules C and D
likewise represents the size of the decoder buffer. The encoder and decoder buffer sizes are complementary. Thus the
coding schedule (either A or D) can be contained within a buffer tube, as illustrated in the graph of Fig. 4, having slope
R, height B, and initial offset F9from the top of the tube (or equivalently initial offset F¢ = B - Fdfrom the bottom of the
tube). It can be seen that D = F¥R is the startup delay between the time that the first bit arrives at the receiver and the
first frame is decoded. Thus it is of interest to minimize F9for a given A.

[0045] A leaky bucketis a metaphor for the encoder buffer. The encoder dumps b(n) bits into the leaky bucket at time
1(n), and the bits leak out at rate R. In general it is possible for the leak rate R to be high enough so that the bucket
occasionally empties. Thus the encoder buffer fullness Fé(n) immediately before frame nis added to the bucket and the
encoder buffer fullness B€(n) immediately after frame n is added to the bucket evolve from an initial encoder buffer
fullness F&(0) = F€ according to the dynamical system

B'(n)=1"(n)+b(n), (2)
F*(n+1)=max{0, B*(n) - R/f (n)}, (3)
where
1

fn) = —— (4)

r(n+1)—7(n)

is the instantaneous frame rate, for n=0,1,2,... If R is sufficiently low, then the bucket will never run dry (underflow), but
if R is too low the bucket will eventually overflow. The largest R such that the buffer will never run dry is taken to be the
average coding bit rate r, of the bit stream. This is made more precise in the following two paragraphs.

[0046] A leaky bucket with size B, rate R, and initial fullness F® is said to contain a stream having a schedule char-
acterized by the steps {(b(n),t(n))} if Bé(n) < B for all n. The minimum bucket size needed to contain the stream given
leak rate R and initial fullness F° is defined as

BQ(RJ”):Q@B%nL (5)

min

while the corresponding initial decoder buffer fullness is defined as

Fé (R F)=F8

min

(RF)~F". (8)

in

The minimum of each of these over F€ is denoted as

10
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BLin(R) = min Bl (R, ), 7)
Iy (R) = min 5, (R, 1) ()

Itisshownin[10, Proposition 2] thatremarkably; these are each minimized by the same value of &, whichis hence equal to

}? &

(R) = By (R) =~ 17, (R). ©)

min

Thus the bit stream with schedule {(b(n),t(n))}, for each bit rate Rthere is a unique leaky bucket that contains the stream
and that has the minimum buffer size B as well as the minimum startup delay D = F#R. These parameters can be
computed with the above equations.

[0047] For sufficiently low leak rates R, the leaky bucket does not underflow, when beginning with initial fullness

Fe=F

mm(R) . Tthe maximum such rate R may be used as the average coding bit rate r, of a bit stream with coding
schedule {(b(n),t(m)}.
[0048] Leak rates R greater than r, can also be employed. It is shown in [10] that both B;m (R) and F:m (R) are

decreasing, piecewise linear, and convex in A. Hence if the transmission rate R is greater than the average coding bit

~d
min

—d

rate r, the startup delay 1D r:}'mm (R)/R can be reduced compared to [0 = F (rc)/R . This fact will be used in

Section IV-A.

[0049] A leaky bucket with leak rate R=r,, size B = B’.

min
corresponds to a straight buffer tube bounding the coding schedule as in Fig. 4. Each stream in the media file has a
coding schedule; thus each stream corresponds to a straight buffer tube with slope equal to the average coding bit rate
r, of the stream. The size B of the buffer tube and its offset F¢ (or F9) relative to the coding schedule can be either
computed by the above formula for a variable bit rate (VBR) stream (such as a constant-quality sub-stream of a scalable
stream), or obtained from the size B and initial state F© of the actual encoder buffer used to encode the stream ifitis a
constant bit rate (CBR) stream.
[0050] In the following the gap g(n) at frame n between the buffer tube upper bound and the coding schedule is
considered, as depicted in Fig. 4. Note that the decoder buffer fullness Fd(n) = B - Fe(n) can also be expressed

(rc)and initial decoder buffer fullness f¢ = F@ (rc)thus

min

Fin)y=»6 = ~1+£—(2-)—, 10
(1) =b(0) + ) = g1 =D+ =5 (10)

where r (n) is the coding bit rate of the buffer tube, now taking into account that different frames may lie in different
buffer tubes with different coding bit rates as coding bit rate control is applied and streams are switched.

C. Rate Control Model

[0051] Assume for the moment that bits arrive at the client at a constant rate r,. Then frame n (having size b(n)) arrives
at the client b(n)/r, seconds after frame n-1. Indeed, the index of a bit is proportional to its arrival time. Dividing the
vertical scale of the schedules in Fig. 4 by r,, the schedules are obtained in terms of client time, rather than bits, as
shown in the graph of Fig. 5. The coding schedule divided by r, becomes the arrival schedule, which provides for each
nthe time t,(n) of arrival of frame n at the client. The buffer tube upper bound (in bits) divided by r, becomes the buffer
tube upper bound (in time), which provides for each n the time f,(n) by which frame n is guaranteed to arrive. In the

11
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same plot the playback deadline is shown, which is the time t,(n) at which frame n is scheduled to be played (after
instantaneous decoding). Thus the gap between a frame’s arrival time and its playback deadline is the client buffer
duration at the time of the frame arrival. This must be non-negative to allow continuous playback.

[0052] Inreality the arrival rate is not constant. If 1,(n-1) and t_(n) are the arrival times of frames nand n-1 respectively,
then

b(n)

) = =D

(11)

can be defined as the instantaneous arrival rate at frame n. In practice the average arrival rate at frame n is estimated
by a moving average T,(n1) of previous values of r_(n), as detailed in Section IV-C. Hence using Eq. (11) the arrival time
of frame n can be expressed in terms of the arrival time of frame n-1 as

L) =1, (n—1)+ 20 (12)
r,(n)
(-1« 20 (13)
Falh)

where the v(n) term is an error term that captures the effect of using the slowly moving average 7,(n). From Eq. (10),
however, it can be seen that

b(n) = —;—%% +g(n-1)~g(n), (14)

whence (substituting Eq. (14) into Eq. (13)) yields

rm) , gti=) gm (15)

t(n)=t(n-1)+ Fin) ) FAn)

Now defining the buffer tube upper bound (in time) of frame n as

tb(n)zta(n)-f»—g@—l (186)

Fuln)’

so that

12
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o g(n) g(n-)
A N A O R wr S

the following update equation is obtained:

P A () N
t.(n)y=t,(n l)—rf(n)fa(n)rw(n 1), (18)

where

y=8 =D _ g (19)

w(n -1
fa(n) fa(n - 1)

is again an error term that captures variations around a locally constant arrival rate.

[0053] Using Eg. (16), the client can compute #,(n-1) from the measured arrival time t.(n - 1), the estimated arrival
rate ¥,(n - 1), and g(n - 1) (which can be transmitted to the client along with the data in frame n-1 or computed at the
client as described in Section V-E). Then using Eq. (18), the client can control the coding bit rate r,(n) so that #,(n)
reaches a desired value, assuming the frame rate and arrival rate remain roughly constant. From this perspective, Eq.
(18) can be regarded as the state transition equation of a feedback control system and it is thus possible to use a control-
theoretic approach to regulate the coding bit rate.

D. Control Objective

[0054] With the state transition equation defined in Eq. (18), uninterrupted playback can be achieved by regulating
the coding bit rate so that the client buffer does not underflow. To introduce a margin of safety that increases over time,
a target schedule is introduced, as illustrated in Fig. 5, whose distance from the playback deadline grows slowly over
time. By regulating the coding bit rate, it is attempted to control the buffer tube upper bound so that it tracks the target
schedule. If the buffer tube upper bound is close to the target schedule, then the arrival times of all frames will certainly
be earlier than their playback deadlines and thus uninterrupted playback will be ensured. Note that controlling the actual
arrival times (rather than their upper bounds) to the target would result in an approximately constant number of bits per
frame, which would in turn result in very poor quality overall. By taking the leaky bucket model into account, it is possible
to establish a control that allows the instantaneous coding bit rate to fluctuate naturally according to the encoding
complexity of the content, within previously established bounds for a given average coding bit rate.

[0055] Although controlling the upper bound to the target schedule is our primary goal, it is also desirable to minimize
quality variations due to large or frequent changes to the coding bit rate. This can be achieved by introducing into the
cost function a penalty for relative coding bit rate differences.

[0056] Letting t/{n) denote the target for frame n, the following cost function is used to reflect both of concerns:

I

=" (t,,(m—t,f(n»%a[wf , (20)

Fa(n)

\

where the first term penalizes the deviation of the buffer tube upper bound from the target schedule and the second
term penalizes the relative coding bit rate difference between successive frames. Nis the control window size and ¢ is
a Lagrange multiplier or weighting parameter to balance the two terms.

13
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11l. Optimal Control Solution
[0057] Before presenting the optimal control solution, the design rational of the target schedule will be described.
A. Target Schedule Design

[0058] Fig. 6is a graph showing an illustrative target schedule. The gap between the playback deadline and the target
schedule is the desired client buffer duration (in client time). If the gap is small at the beginning of streaming, then it
allows a small startup delay, while if the gap grows slowly over time, it gradually increases the receiver's ability to counter
jitter, delays, and throughput changes.

[0059] The slope of the target schedule relates the average coding bit rate to the average arrival rate. Let t{n) be the
target for frame n. As illustrated in Fig. 6, the slope of the target schedule at frame nis

_t(n+1)—-1.(n)
D -z(n)

s(n) 21)

If the upper bound t,(n) aligns perfectly with the target schedule (i.e., f,(n) = t{n)) and the arrival rate r, is constant (i.e.,
the w(n-1) term vanishes), from Eq. (18),

_tLm+)~1,(n) r(n)
~'r(n+1)——r(n) o

a

s(n) (22)

Thus initially, when the slope was low, i.e., less than 1/v, r/r,is greater than v and more than v seconds of content are
received per second of client time, causing the client buffer (which is playing out only v seconds of content per second
of client time) to grow. Over time, as the slope approaches 1/v, r/r, approaches v and the buffer remains relatively
constant (except for changes due to variations in the instantaneous coding bit rate), since content is received and played
back at the same speed v. Next two target schedule functions are presented that illustrate the general design idea.

1) Logarithmic Target Schedule

[0060] One way to choose the target schedule ty is to have the client buffer duration grow logarithmically over time.
Specifically, if t;is the playback deadline, then for each t, greater than some start time 4,

b
tp =1, = In(a(ty = 1,0) +1). (23)
Since by Eq. (1), tg=tyo+(t4T40)/ v this yields

di, dt.de, 1 b
=—= = - 24
dr (24)

. dtdr, v oa(r,-t,)+v

and hence the initial slope at frame 0 (when t=t ) is s(0)=(1-b)/v. Setting b=0.5 implies that initially r/r,=0.56/v, causing
the client buffer to grow initially at two times real time. Further setting a=0.15 implies that the client buffer duration will
be 7.68 seconds after 1 minute, 15.04 seconds after 10 minutes, and 22.68 seconds after 100 minutes, regardless of v.
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2) Two-piece Linear Target Schedule

[0061] Anotherway to choose the target schedule t+is to have the client buffer duration grow linearly at rate b seconds
of media time per second of client time until the buffer duration reaches a seconds of media time, after which it remains
constant. Specifically, for each t, greater than some start time ¢,

ﬁ(zd —b(1,—t,) t,<t,+alb
| ft;-a t,zt,, +alb

t, = (25)

The initial slope is again s(0)=(1-b)/v. Setting b=0.5 implies that initially r/r, = 05/v, causing the client buffer to grow
initially at two times real time. Further setting a= 10 implies that the client buffer duration will reach 10 seconds of media
time after 20 seconds of client time, regardless of v.

[0062] Figs. 7(a) and (b) show graphs of the above two target schedules. As one can see, if a client buffer duration
of 10 seconds is considered to be a safe level against jitter, delay and network fluctuations, then the two-piece linear
target schedule reaches the safe level in 20 seconds, much faster than the logarithmic target schedule. On the other
hand, the slope of the two-piece linear target schedule remains lower for longer (hence the coding bit rate and quality
are lower for longer) and furthermore experiences an abrupt change at 20 seconds when its slope changes from 0.5/v
to 1/v. Consequently, the coding bit rate will not change as smoothly as with the logarithmic target schedule, although
it will not be as abrupt as the schedule itself because of the smoothness objective in the controller design.

B. Optimal Controller Design

[0063] Recall from Eqg. (18) the fundamental state transition equation, which describes the evolution of the buffer tube
upper bound t,(n) in terms of the coding bit rate r (n):

Ln+)=1(n+ AGLDD w(n). (26)

Fa

Here it is now assumed that the frame rate fand the average arrival rate T, are relatively constant. Deviations from this
assumption are captured by w(n).

[0064] It is desired to control the upper bound by adjusting the coding bit rate. As each frame arrives at the client, a
feedback loop can send a message to the server to adjust the coding bit rate. Note, however, that by the time frame n
arrives completely at the client, frame n + 1 has already started streaming from the server. Thus the coding bit rate r,
(n+ 1) for frame n + 1 must already be determined by time t_(n). Indeed, at time f_(n), frame n+2 is the earliest frame
for which the controller can determine the coding bit rate. Hence at time t,(n), the controller's job must be to choose r,
(n+ 2). This one-frame delay in the feedback loop must be explicitly accounted for.

[0065] For simplicity, the target schedule is linearized around the time that frame n arrives. The linearization is equiv-
alent to using a line tangent to the original target schedule at a particular point as an approximate target schedule. Thus,

by (n+1)=2t,(n)+1,(n—1)=0. (27)

Rather than directly control the evolution of the upper bound, which grows without bound, for the purposes of stability
an error space formulation is used. Defining the error as

e(n) = 1,(n) ~ 1, (n), (28)
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results in

e(n+1)—e(n)
=, (n+)—t,(n+1))— (t,(n)—t.(n))

=(t,(n+1)~1,(n) — (1 (n+1) = £:(n))

r(n+1)

Fa

—(tp(n+ 1) =1, (M) + w(n),

from which in turn

(e(n+1) - e(n)) - (e(n) - e(n-1))
=[r.(n+)-rmM)fF.
—(t;(n+1) =2t (n) + 1, (n 1))
+(w(n)—wrn-1))

_rm+)—r(n)

i +(wn)—wn-1))

The control input is then defined as

r(n+2)=n+1)

Fa

u(n) =

(32)

(33)

(34)

where ?c(n+1) is a possibly quantized version of r(n+1) (as defined in Section IV-D) and the disturbance is defined as

d(n) =t w(n)—w(n-1).

Fa

Fe(n)—r.(n)
Then Eq. (33) can be rewritten

u(n—1)

en+1)=2en)—en-1+ ——f—»—'— d(n).

Therefore , defining the error vector

16
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r 1T !
; n
ECHENAORRNAGN
e(n)=| e(n=1) |=| 1,(n=1) |~ 1:(n=1)| (37)
L -D] x| | R
the error space representation of the system can be expressed as
2 -1 4 i
f | 0 1
e(n+l)=|1 0 0 e(m)+|0ju(n)+| 0|d(n), (38)
00 0 1 0

or e(n+ 1) = ®e(n) + T'u(n) + T 4d(n) for appropriate matrices ®, I and T',.

[0066] Assuming the disturbance d(n) is a pure white noise, and assuming perfect state measurement (i.e., all com-
ponents of e(n) can be measured without using an estimator), the disturbance d(n) does not affect the controller design.
Thus a linear controller represented by

u(n) = -Ge(n) (39)

can be used where G is a feedback gain. By the time frame n is completely received, all elements of e(n) are available
at the client and u(n) can thus be computed. The ideal coding bit rate for frame n + 2 can then be computed as

r.(n+2)=rn+1)-Ge(n)p,. (40)

Finding the optimal linear controller amounts to finding the feedback gain G* that minimizes the quadratic cost function
defined in Section 1I-D. Before continuing with the design, the system controllability matrix C,

53

~_[ 20T _1_

c=[T or oT]=0 0 K (41)
1 0 0

will be checked first which has full rank for any frame rate £ Thus, the system is completely controliable and the state
e(n) can be regulated to any desirable value. Now recall that the cost function defined in Section 1I-D is
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Fa J

(42)

n=0

=" 14 -t,(n) *—0“(

= Z:,o {e(n) Qe(n) +u(n-1)" Ru(n —1)}, (43)

where Q = CTC (with C = [1 0 0]) and R = &. Then, the original control problem of tracking the target schedule while
smoothing the coding bit rate fluctuations (i.e., minimizing the cost function /) is converted to a standard regulator problem
in the error space. Letting N — oo, the infinite horizon optimal control problem can be solved by applying the results in
[11, Section 3.3] to obtain an optimal regulator in two steps: 1) solving, to get S, the discrete algebraic Riccati equation
(DARE)

§=®" (S~ ST ST+ R]' TS} + O, (44)

and 2) computing the optimal feedback gain

G"=[I"ST + R]'T" S, (45)

The existence and uniqueness of S (and in turn of G*) is guaranteed when Q is nonnegative definite and R is positive
definite, which is straightforward to verify in this case.

C. Frame Rate

[0067] In the previous section, it was assumed that the frame rate is constant. This assumption is reasonable when
streaming a single medium, such as video without audio. Variable frame rate video is usually achieved by skipping
frames, which can be accommodated by setting b(n) = 0. However, usually video and audio are streamed together, and
their merged coding schedule may have no fixed frame rate. Even if there is a fixed frame rate f, it may be desirable to
operate the controller at a rate lower than f, to reduce the feedback rate, for example.

[0068] To address these issues, in practice the notion of a virtual frame rate is used. A virtual frame rate fis chosen,
for example f=1 frame per second (fps); media time is partitioned into intervals of size 1/f; and all of the (audio and
video) frames arriving within each interval are modeled as a virtual frame whose decoding and playback deadline is the
end of the interval.

[0069] This approach has several advantages. First, it allows offline design of a universal feedback gain, which is
independent of the actual frame rate of the stream or streams. Second, it allows the rate of feedback from the client to
the server to be reduced. And finally, since the interval between virtual frames is typically safely larger than a round trip
time (RTT), a one-frame delay in the error space model (as described in the previous section) is sufficient to model the
feedback delay. Otherwise it would be necessary to model the feedback delay with approximately RT7/f additional state
variables to represent the network delay using a shift register of length R7TT/f.

[0070] In the remainder of this description a virtual frame rate f= 1 fps is employed, and is referred to simply as the
frame rate. Likewise, a virtual frame is referred to simply as a frame.

[0071] It is noted that with the present controller design rationale, the deviation of the buffer tube upper bound from
the control target can be reduced by decreasing the o value. A smaller value of ¢ value implies a relative larger penalty
on the deviation term in the cost function and thus forces the upper bound to track the target more closely. This, however,
happens at the cost of sacrificing coding bit rate smoothness, since the corresponding term in the cost function will be
weighted less. It has been found with ¢ = 500 that while the buffer tube upper bound deviates only slightly from the
control target, the coding bit rate has undesirable oscillations. On the other hand, a large ¢ value will certainly yield
smoother coding bit rates, but might also incur client buffer underflow since the buffer tube upper bound is allowed to
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deviate significantly away from the control target. Therefore, a good choice of ¢ should take into account this trade-off.
In tested embodiments of the present system and process, o = 4000 was chosen when the coding bit rate switches up
and ¢ = 2000 when it switches down. Note that a slightly more aggressive strategy is allowed in the latter case to further
reduce the chance of client buffer underflow.

IV. Practical Issues with Streaming
A. Fast Startup

[0072] As discussed in previous sections, the startup delay is the length of the period from the time that content first
begins to arrive at the client to the time that playback begins. During this period, content accumulates in the receiver
buffer to counter packet jitter, retransmission delay, variations in network bandwidth, and variations in instantaneous
coding bit rate. It is conceivable that a longer startup delay would increase the chances of being able to maintain
continuous playback in a dynamic network environment. On the other hand, users expect the startup delay to be as
small as possible. Thus, it is desirable to investigate techniques that can reduce the startup delay while retaining ro-
bustness. One possible approach is to transmit the content at a faster than normal rate at the beginning of streaming.
This bursting technique will certainly build up the buffer duration in a small amount of time. It, however, puts extra
pressure on the network by demanding a higher than normal initial bandwidth, which may not even be available.
[0073] The present system and process employs an alternative fast startup technique, which takes advantage of the
properties of adaptive media. As discussed in previous sections, by choosing an initial coding bit rate r, equal to half
the arrival rate r, (divided if necessary by the playback speed v), the client buffer duration can grow at two times real
time during playback. Growing the client buffer during playback enables the startup delay to be low, because playback
can begin while the buffer duration is still low. Beginning playback while the buffer duration is low is not particularly risky
over the short term, because the probability of deep congestion occurring in any short interval is low. However, the
probability of deep congestion occurring in a long interval is high, so it is important for the buffer duration to be high over
the long term. Without the ability to grow the buffer duration during playback, startup would have to be delayed until the
buffer duration was sufficiently high to guarantee continuous playback over the long term.

[0074] Moreover, if the transmission rate is twice the coding bit rate, the startup delay can be further reduced by taking
advantage of properties of the leaky bucket model [10]. As detailed in Section |I-B, the startup delay for a given bit

streamis [) = P;in (R)/R when the stream is transmitted at rate R. This is ordinarily equal to F

mitting the stream at its coding bit rate. However, when transmitting the stream at a rate r, > r_ (r, = 0.5r,/v), then the

(r;),’rc when trans-

mimn

startup delay drops to Fm";n (ra )/ra . Thus the startup delay D decreases both because the numerator decreases and

because the denominator increases.

[0075] The graph in Fig. 8 illustrates the decrease in the initial decoder buffer fullness Fnﬂn(R) as R changes from

r.to r,. In particular, it depicts the coding schedule for a given bit stream, as well as upper and lower bounds, denoted
Tube I'and Tube II, corresponding to two leaky buckets with leak rates r, and r, respectively, both containing the coding
schedule. Tube Il is smaller than Tube |, since the minimum size B,;,(A) of a leaky bucket containing a given stream
is decreasing in the leak rate R [10]. Likewise, the initial decoder buffer fullness F,,;,(R) is decreasing in R [10]. Hence

the playback deadline for frame 0 can begin as early as client time f, ”:Fnin(;;)/p;,instead of

Iy, = Ffm(Ig)/ru .Fromthere, the playback deadline advances at 1/vseconds of client time per second of media time.

B. Controller Initialization

[0076] As illustrated in Fig. 8, the target schedule starts at the same time as the playback deadline and grows according
to a predefined function. The controller attempts to control the upper bound of Tube | to the target schedule. Initially the
upper bound of Tube | is above the target schedule (and is indeed above the playback deadline, though it is known that
this is safe). Hence, when the playback starts, the controller would try to close the gap by decreasing the coding bit rate.
This, however, would not be desirable because the current coding bit rate is already lower than the arrival rate to allow
the client buffer to grow. Further reduction of the coding bit rate would not be proper. To avoid this effect, the controller
is initialized when the upper bound of Tube | exceeds the target schedule i.e., at point B in Fig. 8. Point B can be found
analytically, but in practice there is no need to explicitly solve for it. The controller can be initialized as soon as the upper
bound of Tube | exceeds the target.
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C. Exponential Averaging of the Arrival Rate

[0077] Using the average arrival rate (instead of the instantaneous arrival rate) helps to reduce coding bit rate oscil-
lations. This section details a new exponential averaging algorithm for the arrival rate.

[0078] Lett,.(k) and r(k) be the average arrival rate and the instantaneous arrival rate, respectively, when packet k is
received. Note that unlike the controlling operation, the rate averaging operation may be performed after the arrival of
every packet, rather than after the arrival of every frame. Hence the discrete packet index k is used rather than the frame
index n . Instead of using the widely adopted exponentially weighted moving average (EWMA)

Fa(K) = B(K)Fo(k =1) + (1= B(K))r, (k) (46)

with constant (k) = B, the exponential averaging is performed more carefully. In the present algorithm, the factor B(k)
is not constant, but varies according to the packets’ inter-arrival gaps. This new algorithm has several advantages over
the EWMA algorithm with constant B(k). First, the estimate of the average arrival rate f,(k) goes to zero naturally as the
gap since the last packet goes to infinity, rather than being bounded below by BF.(k-1). Second, the estimate of the
average arrival rate T,(k) does not go to infinity as the gap since the last packet goes to zero. This is especially important,
since packets often arrive in bursts, causing extremely high instantaneous arrival rates. And finally, the estimate of the
average artival rate ¥,(k) does not over-weight the initial condition, as if it represented the infinite past. This is especially
important in the early stages of estimation.

[0079] As in Eq. (11), the instantaneous arrival rate after packet k is defined as

1, (k) = — 28 (47)

(k) -1, (k-1)

where here b(k) denotes the size of packet k and £,(k) denotes the arrival time of packet k. The discrete time function
r (k) is extended to the piecewise constant continuous time function r,(#) by

r(t)=r,(k)y forallre(z,(k—1),1,(k)), (48)

as illustrated in the graph in Fig. 9. Then the function r,(#) is filtered by the exponential impulse response a.e®, t> 0,
for some time constant 1/a:

t(ky P
J.(i) r(tae 04
~ o
l’a(k) =

Wy
j’ ae” EUER0) gyt
(G}

(49)

(Here and in the remainder of this sub-section the subscript is suppressed from the arrival time t(k).) Note that

I‘T ae Fdi' = ¢, the denominator integral can be expressed as 1 - e(fk-#0). Now, the range of the numerator

ir;tegral is splitinto ranges (1(0), t(k-1)] and (t(k-1),t(k)] to obtain a recursive expressionfor (k) interms of (k- 1) and r(k),
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l_e-a(t{k~i)~l(0)1 ( ' . ]
~ _ el -1(k-1)] ~
Fa(K) = ] — o AL e Folk=1)
(50)

(PEPSCORICRY:

b 1K)

1— e«a[z(k)—t(og
= pk)r.(k 1)+ (1= Blk)r, (k), (51)
where

g Alikd-tle-1)] o~ luk)—1(0]

Blk) = | o o) : (52)

Note that B(k) is numerically stable as k goes to infinity. However, as the gap 6 = {(k) - #{(k-1) goes to zero, 1 - B(k) goes
to zero while r (k) goes to infinity. Their product, however, is well behaved. Indeed,

i EELLCOSO v
Fa(k) = 1 — ¢ e HGD10]] e Ui k-1)
o (83)
l-e b(k)
Aol g
bk
Sk —1)+ 2000 (54)

1 — o-eltt) 0]

as §—0, using I'Hopital’s rule. Thus Eq. (54) is the update rule in the case when (k) = f{(k-1).
D. Choosing a Stream Given a Coding bit rate

[0080] When the client requests a coding bit rate r.(n), the server complies by choosing a stream (or sub-stream of
a scalable stream) having coding bit rate /r\c(n) approximately equal to r(n). There are several reasons that 'r\c(n) may
differ from r,(n). The first reason is that there are only a finite number of streams (or sub-streams) in the media file, even
if fine grain scalable coding is used. Thus there may be no stream in the media file with average coding bit rate exactly
equal to r (r). The second reason is that, even if there is a stream in the media file with average coding bit rate exactly
equal to r(n), the buffer tube for the stream may be too large to allow switching to the stream without risk of client buffer
underflow. In fact, whenever the stream switches, there is generally a discontinuity in the upper bound, which may be
either positive or negative. A positive shift in the upper bound is illustrated in the graph in Fig. 10, which, if large, could
cause the client buffer to underflow either immediately or eventually.

[0081] Thus the server must choose a stream that causes the upper bound to shift up no more than some amount
Amaxg(n-1) supplied to it by the client. The client supplies AMaXg(n -1) to the server in its feedback along with r(n), shortly
after client time t,(n-2) (after frame n-1 has already begun streaming). Upon receiving the feedback, the server selects
a stream with coding bit rate /r\c(n) as high as possible such that /r\c(n) < r(n) and, if /r\c(n) > /r\c(n-1) (i.e., if it is a switch up
in rate), then gnew(n-1)-gold(n-1)<Aamaxg(n-1), where gnew(n-1) and go/d(n-1) are illustrated in Fig. 10. The constraint given
by Amaxg(n-1) is not applied if it is a switch down in rate.

[0082] The client chooses AMaXg(n - 1) to limit (its prediction of) what the upper bound would be at time t,(n - 1) if the
new coding bit rate were in effect, namely,
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N L(n=2)+p(n-1) . Ag(n-1)

tnew w_} 55
’ (n ) vf;a’ Fa ( )

<ty(n-1)+plt;(n-1)—t,(n-1)] (56)

Hew

That is, the client choosesAMaxg(n-1) to limit I‘b (n - ]) so that it would be no more than fraction p of the way from

the target t{n-1) to the playback deadline t(n-1). In tested embodiments of the present system and process, p=1/3 was
chosen.

[0083] Itis noted that in an alternate embodiment, the information as to what coding bit rates the server supports can
be provided to the client ahead of time and the client can be responsible for performing the foregoing analysis. In this
case, the client would only request coding bit rates that are supported by the server, and there would be no need to
provide the AM@Xg(n-1) to the server with the request.

E. Control Target Adjustment

[0084] When a frame with a new average coding bit rate ’r\c(n) arrives at the client at time £.(n), there is a shift in the
upper bound. This shift can be on the order of seconds and hence, rather than being negligible, can be confusing to the
controller. If the shift is upward, for example, the controller will immediately try to reduce the coding bit rate r(n + 2). If
the shift is downward, on the other hand, the controller will immediately try to increase the coding bit rate r(n+ 2). Either
way is probably not good; the intention is that /r\c(n) will be maintained unless there is a disturbance in the arrival rate.
One solution is to introduce a simultaneous shift in the control target schedule equal to Ag(n - 1)/f, ; where Ag(n - 1) =
gew(n - 1) - gold(n-1) is the actual shift in the upper bound (in bits) at frame n-1 computed at the server, as illustrated
in Fig. 10. The server can send this value to the client along with frame n. If there is no stream change, this value is
simply zero.

[0085] If the control target schedule is adjusted whenever the coding bit rate changes, it will no longer follow the
designed target schedule. The adjusted target schedule will be referred to as the control target schedule to distinguish
it from the designed target schedule (or simply the target schedule).

[0086] The control target schedule, of course, should have a tendency to approach the designed target schedule. The
basic idea is to decrease the slope of the control target schedule when it is above the designed target schedule and to
increase the slope when it is below.

b
[0087] For the logarithmic target schedule 7, =1, —Zln(atd +1) (where t; =ty + (14 - T4)/V), according to Eq.

(24) the slope at media time 1 is

smﬂlﬁ;:l___,_.__é____ (57)

dr, v a(t,—7,)+Vv

If dis defined as the distance between the playback deadline and the target schedule, nhamely

{ (7. 7.\
d:élné al 2 Ta §+1), (58)
a v /)

then the slope may be expressed as a function of d
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sE——— (59)

Hence whenever d is the distance between the playback deadline and the control target, the slope of the control target
is setto sin Eq. (59). Specifically, if t4{n) is the control target at frame n after the shift, then t)n-1) is reset to be tn)-s/
f. Then t¥n) and tXn-1) is used in place of t{n) and fx{(n-1) to compute the error vector e(n) in Eqg. (37). The resulting
error vector is then used to compute the ideal coding bit rate in Eq. (40).

[0088] For the two-piece linear target schedule, the slope is easy to compute by using a predefined time period over
which the control target schedule is expected to return to the target schedule. The slope of the control target schedule
can then be computed from the distance d and the period. In tested embodiments of the present system and process
the period was set to 50 seconds.

V. Implementation Details
[0089] This section highlights implementation details on both the sender and the receiver side.
A. Generation of Virtual Streams

[0090] Intested embodiments of the present a system and process, a fine grained scalable (FGS) stream comprises
a set of data units, each tagged by a Lagrange multiplier A representing the per-bit decrease in distortion if the data unit
is received by the client. If the A for the data unit is above a threshold, then the data unit is included in a virtual stream
corresponding to that threshold. Each threshold corresponds to an overall number of bits and hence an average coding
bit rate for the virtual stream. In tested embodiments, N = 50 virtual streams are generated. A threshold is chosen for
each stream such that the resulting streams have coding bit rates that are uniformly spaced in the log domain between
lower and upper bounds.

[0091] During streaming, when the server reads a data unit from the media file, it includes the data unit in the virtual
stream currently being transmitted if its Lagrange multiplier A is above the threshold for the stream.

B. Leaky Bucket Computations at the Sender

[0092] For each virtual stream, leaky bucket parameters (R, Bmm(‘R),Fr:m
Ragand A= Ry, where R, = r, is the average coding bit rate of the stream, and R, = 2r.. These leaky bucket
parameters are sent to the client in a preamble.

[0093] Inaddition, during streaming the server performs on-line leaky bucket simulations for each stream. Specifically,
whenever the server reads a data unit from the media file, it determines the virtual streams to which the data unit belongs,
using the Lagrange multiplier of the data unit and the list of thresholds for each stream. The sender then updates, for
the determined streams, the states of those leaky buckets having leak rates equal to an average coding bit rate AR,
using Egs. (2) and (3). Once all the data units in a frame are read from the media file, the sender computes g(n) = Bin
(FIavg) - Be(n) for each of the virtual streams. On a stream switch (i.e., ’r\c(n) # /r\c(n - 1)), the gap g™¥(n) for the new
stream is transmitted to the client along with Ag(n-1)=g"eW(n-1)-god(n-1) as described below. It is easy to see that the
cost of updating the leaky bucket states is quite low. However, it is also possible to pre-compute these values and store

them with each data unit in the media file.

(R))are pre-computed offline for A =

C. Initial Coding bit rate Selection

[0094] At the beginning of a streaming session, the sender needs to have some knowledge of the available network
bandwidth so that it can choose an initial coding bit rate (usually half of the bandwidth). The bandwidth estimate can be
drawn from proactive measurements, using approaches such as packet pair [12], path chirp [3], etc., or reactive approx-
imations based on history values. The exact form of the initial bandwidth estimation is beyond the scope of this work.

D. Coding bit rate Switching

[0095] The rate control feedback from the client contains the frame number at which feedback is generated (s.g., n -
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2 in the previous section) and the maximum allowable shift of the upper bound in bits (e.g., A™@Xg(n-1) in the previous
section). If the sender finds a suitable coding bit rate and makes a switch at frame n, it will transmit three values to the

client along with the frame: the new coding bit rate fﬁ“w(n) , the current gap to the upper bound g™%(n), and the shift

Ag(n-1) = gnew(n-1)-goid(n-1). With this information, the client can properly adjust its control target schedule as well as
its upper bound. Note that coding bit rate switching always happens at the beginning of a new frame, neverinside a frame.

E. Optimal Rate Control at the Client

[0096] Whenever a new coding bit rate starts, the client receives the value g(n) along with the new frame. The values
of g(n) for successive frames can be then inferred by the client itself based on the coding bit rate 'r\c(n) and the frame
size b(n). The client records the arrival frame time t.(n), calculates the buffer tube upper bound f,(n) and then computes
the deviation e(n). If there is a coding bit rate switch, it will also compute the buffer tube shift and adjust the control target
schedule accordingly. Then, e(n) is fed to the optimal rate controller, which outputs a desired new coding bit rate. The
latest new coding bit rate is fed back to the sender whenever there is a feedback opportunity, which could be generated
at regular intervals or on-demand.

F. Exemplary Process

[0097] An exemplary process for the implementation of the foregoing system will now be provided as applicable to
one embodiment of the present invention.

[0098] Referring to Figs. 11A-C, the server first computes a set of parameters defining an initial state of the encoder
buffer as it would exist if a data stream corresponding to a supported coding bit rate were streamed therefrom, for each
of the supported coding bit rates (process action 1100). These parameters, which include the coding bit rate associated
with the data stream, the size of the encoder buffer employed with the coding bit rate of the data stream, and a value
indicative of the initial encoder buffer fullness exhibited at the coding bit rate of the data stream, are provided to the
client in a preamble to the streaming media data (process action 1102). The server then streams the media data to the
client at a prescribed initial coding bit rate, during a startup period (process action 1104). As the data is streamed, the
servercomputes the upper bound gap for each frame generated for each coding bit rate supported by the server (process
action 1106). Initially, the client employs the encoder buffer parameters to determine on a frame-by-frame basis a new,
optimal coding bit rate for a future frame (process action 1108). In addition, the client computes the aforementioned
maximum allowable difference value for the frame generated by the server just prior to the future frame, i.e., the maximum
shift value (process action 1110). The client also begins playback of the frames it has received as soon as the client’s
decoder buffer has the minimum amount of data therein that is needed to ensure an underflow condition does not occur
at the initial coding bit rate and continues to playback each frame received thereafter (process action 1112). In addition,
once the aforementioned startup period is over, the client requests that the streaming media data be supplied at a new
coding bit rate corresponding to the determined optimal coding rate, starting at the future frame, and provides the
maximum shift value along with the request (process action 1114).

[0099] The server finds a supported coding bit rate that is equal to, or if none are equal, the closest smaller rate to,
the optimum coding bit rate requested by the client (process action 1116). It is next determined by the server if the
supported coding bit rate found is lower or higher than the coding bit rate associated with the frame generated immediately
prior to the frame specified in the client request (process action 1118). If it is lower, then server computes the aforemen-
tioned shift value for the frame generated immediately prior to the frame specified in the client request (process action
1120), and generates all future frames beginning with the frame specified by the client at the supported rate found and
streams them to the client, along with the computed upper bound gap and shift value, and an indication of the new
coding bit rate (process action 1122). However, if the supported coding bit rate found is higher, then server computes
the shift value for the frame generated immediately prior to the frame specified in the client request (process action
1124) and then determines if the shift value is less than or equal to the maximum shift value provided inthe client request
(process action 1126). If the shift value is less than or equal to the maximum shift value, then the server generates all
future frames beginning with the frame specified by the client at the supported coding bit rate found and streams them
to the client, along with the computed upper bound gap and shift value, and an indication of the new coding bit rate
(process action 1122). But, if the shift value is greater than the maximum shift value, then the next lower supported
coding bit rate is found (process action 1128) and the process actions 1118 through 1128 are repeated.

[0100] The client shifts the currently scheduled target arrival time associated with a just received first frame at the
new coding bit rate by the shift value provided, and shifts the currently scheduled target arrival times for future frames
such that they collectively approach, over a period of time, and eventually coincide with, the previous target arrival times
for those frames (process action 1130). The client then employs the encoder buffer parameters and the upper bound
gap value provided by the server to determine a new, optimal coding bit rate for a future frame and to compute the
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maximum shift value for the frame generated by the server just prior to the future frame (process action 1132). The client
requests that the streaming media data be supplied at a new coding bit rate corresponding to the determined optimal
coding rate starting at the future frame specified by the client, and includes the computed maximum shift value (process
action 1134). Process actions 1116 through 1134 are then repeated for the duration of the streaming media data
transmission.

VI. Multiple Bit Rate Streaming

[0101] Multiple bit rate (MBR) streaming is a network adaptive technique that is widely used in commercial streaming
media systems. In MBR streaming, in contrast to scalable streaming, the content is encoded into several (typically 5-7)
independent streams at different coding bit rates. Often, each stream is optimized for a common type of network con-
nection (e.g., dial-up, DSL, cable). During an MBR streaming session, the proper coding bit rate is dynamically selected
based on the available network bandwidth, with the goal of achieving the maximum possible quality under the condition
of uninterrupted playback. It is easyto see that MBR streaming is analogous to scalable streaming. Indeed MBR streaming
can be viewed as a special case of scalable streaming with a limited number of coding bit rates available. Hence, the
foregoing optimal control approach should be applicable to this case.

[0102] There are, however, several differences that complicate MBR streaming, which need to be carefully addressed.
First, as just mentioned, in MBR streaming there are only a limited number of coding bit rates available. This coarse
quantization of the desired coding bit rate introduces a significant nonlinearity into the closed loop system. In fact, the
large gaps between the available coding bit rates introduce oscillations. For example, if two neighboring coding bit rates
straddle a constant arrival rate, the controller will oscillate between the two coding bit rates in an attempt to keep the
client buffer at a target level.

[0103] Second, in MBR streaming the coding bit rate cannot be switched at an arbitrary time. In fact, before the server
can switch to a new stream, it may have to wait for the next clean point (e.g., / frame) in the new stream, which could
be five or ten seconds away. Thus, the old coding bit rate may continue for quite a while before it changes to the new
codingbit rate. Fromthe controller’s perspective, this long random extra delay tends to destabilize the closed-loop system.
[0104] Third and finally, in MBR streaming, server performance issues are critical. The commercial-grade streaming
media systems that use MBR streaming do so because of the minimal computational load that it imposes on the server
compared to scalable streaming. Thus, for MBR streaming it is important to keep almost all computation and state
maintenance on the client side. In particular, the server will not be able to update the leaky bucket information for each
stream. Instead, the client must use some mechanism for estimating and maintaining this information.

A. Conservative Up-Switching

[0105] In this subsection, a technique to help stabilize the control system and reduce steady state oscillations to a
period of at least a minute is described. With this technique, rapid down-switching is permitted. In fact, the value of ¢ is
reduced from 2000 to 500, changing the balance between responsiveness and smoothness of the coding bit rate in
favor of rapid switching response. However, only conservative up-switching is permitted. Conservative up-switching
ensures that spurious changes in coding bit rate do not occur, and that oscillations in the coding bit rate have a low
frequency. In particular, conservative up-switching reduces the oscillations between two adjacent but widely spaced
MBR coding bit rates, one above the arrival rate and one below the arrival rate.

[0106] In one embodiment, conservative up-switching establishes a conservative limit that limits the coding bit rate
to no more than the arrival rate. However, in another embodiment, the method behind conservative up-switching is to
establish a conservative limit on how high the coding bit rate can be raised above the arrival rate. If the current coding
bit rate is below the arrival rate, and the client buffer duration begins to increase above its target level, then the coding
bit rate can be switched up to a new coding bit rate above the arrival rate only if the new coding bit rate is below the
conservative limit. When the client buffer duration begins at the target level, the conservative limit is equal to the arrival
rate. However, as the client buffer duration increases, the conservative limit increases as well. Thus, if the current coding
bit rate is below the arrival rate, and the next higher coding bit rate is above the arrival rate, then it will be possible to
switch up to the next higher coding bit rate only after the client buffer duration has increased sufficiently so that the
conservative limit rises above the higher coding bit rate. Once the coding bit rate is switched up to the higher coding bit
rate, the client buffer begins to drain since the coding bit rate is then above the arrival rate. Eventually, when the buffer
drains back below its target level, the controller will rapidly switch the coding bit rate back down to the coding bit rate
below the arrival rate.

[0107] Given the current client buffer duration, the conservative limit is set to a value such that if the coding bit rate
is switched up to a new coding bit rate at this value, the client buffer would take at least At seconds of client time to drain
back to the target level. Thus, the mechanism ensures that the period of oscillation will be at least At seconds. In tested
embodiments of the present system and process, At is set to 60 seconds.
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[0108] Fig. 12 shows how the conservative limit is computed. Let A1, be the client buffer duration (in media time) at

HEW

the moment that the coding bit rate is switched up from 1':[‘1‘ or. Thus At is the number of seconds of content

that will be consumed at the old coding bit rate Ifid before content at the new coding bit rate begins to be consumed.

(For simplicity it is assumed that all of the content in the client buffer at the time of the switch is coded at rate r:M ) Let

At, be the number of seconds of content that is consumed at the new coding bit rate I;"N before the client buffer duration

drops to some level Atz seconds (inmediatime), greaterthan the target level Aty . The duration of this phase is determined
such that the total time since the switch is exactly At = (Atq + At,)/v seconds (in client time). Now, the number of bits

L . . . ew new L _new
that arrive in this time is 7,A7 = 17" (A7, + A7) 2 7™ (A7, + Az, ) = ™ (VAL - Az, + Az, ) or

o < Al

LS e 60
i VAL~ AT, + VAL, (60)

where Aty is the target buffer duration in client time. The parameter Af can be tuned to yield the desired behavior. A
large At means that up-switching will be more conservative, while a smaller At means that up-switching will be more
prompt. In tested embodiments, Atis set to 60 seconds while the target At is typically about 10 seconds.

B. Buffer Tube Upper Bound Estimation

[0109] In Section V-D it was specified that the server sends three values to the client at the beginning of each change

in coding bit rate: the new coding bit rate 77" the current gap to the upper bound g"ew(n), and the control target shift

Ag(n - 1) = g"eW(n -1) - g°/d(n -1). The server computes the latter two values by running a leaky bucket simulator for
each coding bit rate. The client continues to update g(n) for the new coding bit rate by running its own leaky bucket
simulator for the new coding bit rate. That is, beginning with the initial condition Fé(n) = B - b(n) - g"®¥(n), for each
successive frame the client computes

Bé(n) = F*(n) +b(n) (61)
Ff(n+1)=max{0,B"(n)—iJf (n)}, (62)
where

Sf(n)= S (63)

r(n+1)—17(n)

is the instantaneous frame rate, as in Egs. (2), (3) and (4). From this, the client can compute

g(n) =B-B'(n) (64)

for each frame.
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[0110] However, if the server is unable to simulate the leaky buckets and cannot send g™%(n) to the client, then the
client must estimate tAhis information for itself. In this case it is recommended that/\the client estimates g™%(n) as an
upper bound such as g"ew(n)=B-b(n)>g"e¥(n). Then, beginning with initial condition Fé(n)=B-b(n)-g"e¥(n) (which equals
0 in this case), for each successive frame the client computes

B(n) = f(n) + b(n) (65)
F(n+1) = max{0, 3°(n) - /f (n)}, (66)
as well as
g(n)=B-p(n). (67)

It is easy to see by induction that /F\e(n) < F&(n), ée(n) < B%(n), and @(n) 2> g(n). Moreover, these bounds each become
tighter by &(n) =/r\L/f(n) - B®(n) whenever &(n) > 0, i.e., whenever F®(n+1) is clipped to 0 in Eq. (66). In fact, given enough
time they may eventually become tight.

[0111] Note that whenever the bounds tighten by §(n) > 0, the control target must be shifted by Ag(n)/F,, where Ag(n)
=-8(n). Furthermore, whenever n is the first frame of a new coding bit rate, the control target should be shifted by Ag
(n)/F,, where Ag(n) = §"%(n)-°9(n). Here, §°'9(n) can be determined by running Egs. (65), (66) and (67) for one extra
step, namely if n is the first frame of the new coding bit rate,

F(n)=max{0, 3°(n 1) — #2/f (n - 1)} (68)
B'(n) = [°(n) + b(n) (69)
&M (ny=B-B(n). (70)

It is easy to see that if @"ew(n) = B - b(n), then Ag(n):ée(n) as computed in Eq. (68).
VII. Sender-Driven Streaming

[0112] The preceding discussions have assumed that the control process for adapting the stream or its bit rate to the
prevailing conditions is located within the client. This is called receiver-driven streaming because the client (i.e., the
receiver) makes the decisions and informs the server (i.e., the sender). However, it should be clear that sender-driven
streaming is also possible, in which the control process operates at the sending side. For example, using TCP for
transmission of the streaming media data, the control process can operate at the server, measuring the transmission
times of each frame and estimatingthe transmission rate, instead of the control process operating at the client, measuring
the arrival times of each frame and estimating the arrival rate. Using TCP, the transmission time of a frame is substantially
the same as its arrival time, and likewise the transmission rate is substantially the same as its arrival rate; hence these
can be used interchangeably. Generally, the transmission time or the arrival time of a packet may be called a time stamp.
In sender-driven streaming, the server can infer the state of the client buffer by knowing what it has already transmitted
and by knowing the playout times for the transmitted frames. Sender-driven streaming reduces the overhead of com-
municating control information between the client and the server, but it also increases the computational burden on the
server. In some situations, this may be a desirable trade-off. Those skilled in the art will appreciate that it is possible to
appropriately modify the protocols described herein to cases where the control algorithm resides in the server or in
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another location, rather than in the client.
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Claims

1. A computer-implemented process for controlling a coding bit rate of streaming media data being transmitted to a
client from a server over a computer network, comprising performing the following process actions:

employing a linear quadratic control technique to establish, on an ongoing basis, a current coding bit rate for
the streaming media data, which is estimated to provide a high quality playback of the streaming media data
while still keeping a decoder buffer of the client used to receive streaming media data from the server filled to
adesired duration level so as to reduce the chance of an underflow condition which would resultin an interruption
of the playback of the streaming media data by the client;

using each coding bit rate established to control said rate for the streaming media data.
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The process of Claim 1, wherein the process action of establishing the current coding bit rate comprises the actions of:

determining on a frame-by-frame basis the coding bit rate which is estimated to keep the client buffer level
approximately at the desired target level; and

establishing a new coding bit rate only when it is determined the coding bit rate estimate will not change in
relation to the last established rate by more than a desired degree.

The process of Claim 2, wherein the client buffer level is determined by a leaky bucket model of the streaming media
data at the estimated coding bit rate.

The process of Claim 3, wherein the process action of determining on a frame-by-frame basis the coding bit rate
which is estimated will keep the client buffer approximately at the desired level, comprises an action of identifying
a coding bit rate that reduces a difference between an estimated latest anticipated arrival time of the frame under
consideration and a prescribed target arrival time.

The process of Claim 4, wherein the process action of determining on a frame-by-frame basis the coding bit rate
which is estimated will keep the client buffer approximately at the desired level, comprises an action of reducing the
change in the coding bit rate to a prescribed degree, using a quadratic cost function.

The process of Claim 5, wherein the process action of estimating the latest anticipated arrival time of the frame
under consideration, comprises the actions of:

re-estimating the latest anticipated arrival time associated with the frame immediately preceding the frame
under consideration if it were to exhibit the current coding bit rate; and

adding said re-estimated time to the current coding bit rate divided by the product of a current instantaneous
frame rate and an estimated arrival rate of the frames.

The process of Claim 6, wherein the process action of re-estimating the latest anticipated arrival time associated
with the frame immediately preceding the frame under consideration comprises adding the actual arrival time of
said immediately preceding frame as measured by the client, to an upper bound gap of an encoder buffer of the
server for the immediately preceding frame divided by the estimated arrival rate associated with said immediately
preceding frame, wherein the upper bound gap of a frame is defined as the number of data bits that the server’s
encoderbuffercancontain overthe bits currently contained therein after the frame isfully input into the encoderbuffer.

The process of Claim 7, wherein the process action of establishing the current coding bit rate is accomplished by
the client, and wherein the client estimates the latest anticipated arrival time of the frame under consideration based
on information received from the server concerning the state of the encoder buffer.

The process of Claim 8, wherein the information received from the server comprises the current coding bit rate of
the streaming media data being received by the client which is received as part of the first frame of the sequence
of frames exhibiting that coding bit rate.

The process of Claim 9, further comprising, an action of estimating the upper bound gap for each frame received
by the client, said estimating comprising:

computing what the encoder buffer fullness value would have been after the last received frame was placed
therein as the sum of the last computed value of the encoder buffer fullness prior to insertion of the last received
frame and the size of that last received frame,

wherein the encoder buffer fullness value prior to insertion of the last received frame associated with the first frame
received by the client at the current coding bit rate of the streaming media is assumed to be zero regardless of its
actual value,

and wherein the encoder buffer fullness value prior to insertion of the last received frame associated with each
subsequent frame received by the client at the current coding bit rate is deemed to be either zero, or the difference
between the last computed value for the encoder buffer fullness after the insertion of the last received frame and
the coding bit rate divided by the instantaneous frame rate, whichever is larger, wherein the instantaneous frame
rate is equal to the reciprocal of a scheduled playback time of the next frame to be received less a scheduled
playback time of the last received frame; and
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computing the upper bound gap associated with the last received frame as the encoder buffer size less the last
computed value for the encoder buffer fullness after insertion of the last received frame.

The process of Claim 10, wherein the encoder buffer size varies depending on the coding bit rate and is received
bytheclientfromthe serverasapreamble to the streaming media data for all coding bit rates available from the server.

The process of Claim 10, further comprising, whenever a frame is received by the client which has a different coding
bit rate than the immediately preceding frame, the actions of:

shifting the currently scheduled target arrival time associated with the just received frame by a shift value,
wherein said shift value represents a difference between the upper bound gap of the frame and the upper bound
gap that would be associated with the frame had it been coded at the immediately preceding coding bit rate;
shifting the currently scheduled target arrival times for future frames such that they, collectively approach over
a period of time, and eventually coincide with, the previous target arrival times for those frames; and

shifting each shifted frame by the difference between the encoder buffer fullness value after insertion of the last
received frame and the current coding bit rate, divided by the frame rate, and then divided by the estimated
arrival rate associated with the last received frame.

The process of Claim 12, wherein the upper bound gap that would be associated with the frame had it been coded
at the immediately preceding coding bit rate is computed as the encoder buffer size less the last computed value
for the encoder buffer fullness value after insertion of the last received frame, wherein the encoder buffer fullness
value after insertion of the last received frame is computed as the sum of the last computed value of the encoder
buffer fullness value prior to insertion of the last received frame and the size of that |last received frame, and wherein
the encoder buffer fullness value prior to insertion of the last received frame is computed as either zero, or the
difference between the value computed for the encoder buffer fullness after the insertion of the frame received prior
to the last received frame and the immediately preceding coding bit rate divided by the instantaneous frame rate
associated with the frame received prior to the last received frame, whichever is larger.

The process of Claim 8, wherein the information received from the server comprises:

the current coding bit rate of the streaming media data being received by the client which is received as part
of the first frame of the sequence of frames exhibiting that coding bit rate; and
the current upper bound gap which is received as part of every frame.

The process of Claim 8, wherein the information received from the server comprises:

the current coding bit rate of the streaming media data being received by the client which is received as part
of the first frame of the sequence of frames exhibiting that coding bit rate; and

the current upper bound gap associated with the first frame of the sequence of frames exhibiting the current
coding bit rate, said current upper bound gap also being received as part of the first frame of said sequence.

The process of Claim 15, wherein the information received from the server further comprises a shift value which is
received as part of the first frame of the sequence of frames exhibiting a coding bit rate that is different from the
immediately preceding frame, said shift value representing a difference between the upper bound gap that would
be associated with the immediately preceding frame received by the client had it been coded at the current coding
bit rate and the upper bound gap actually associated with the immediately preceding frame coded at the previous
coding bit rate.

The process of Claim 16, further comprising an action of whenever a frame is received by the client which has a
different coding bit rate than the immediately preceding frame, shifting the currently scheduled target arrival time
associated with the just received frame by the shift value and shifting the currently scheduled target arrival times
for future frames such that they collectively approach over a period of time and eventually coincide with the previous
target arrival times for those frames, said shifting of the target values being accomplished so as to prevent the client
from attempting to establish new coding bit rates based on the shift in the upper bound gap between the old and
new coding bit rates rather than a change in the arrival rate of the frames.

The process of Claim 15, further comprising, for each frame received by the client that is not the first frame of the
sequence of frames exhibiting the current coding bit rate, an action of estimating the upper bound gap.
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The process of Claim 6, wherein computing the estimated arrival rate of the frames of the streaming media data
comprises:

computing, on a packet-by-packet basis, the product of the estimated arrival rate computed for the immediately
preceding packet to the currently received packet and a first fractional weighting factor, added to the product
of the instantaneous arrival rate of the currently received packet and a second fractional weighting factor,
wherein at least one of the fractional weighting factors is not a constant but instead based on the time between
the packets.

The process of Claim 5, wherein the process action of identifying the coding bit rate that reduces the difference
between the estimated latest anticipated arrival time of the frame under consideration and the prescribed target
arrival time, while at the same time reducing the change in the coding bit rate to a prescribed degree, comprises
an action of choosing the prescribed target arrival time for the frame under consideration so as to be a prescribed
amount of time earlier than a scheduled playback time for that frame.

The process of Claim 20, wherein the process action of choosing the prescribed target arrival time for the frame
under consideration comprises an action of making said prescribed amount of time large enough after a startup
period that network jitter, delays and throughput changes which may cause the actual arrival time of the frame to
be after its target arrival time do not result in the frame arriving after its scheduled playback time.

The process of Claim 21, wherein the process action of choosing the prescribed target arrival time for the frame
under consideration further comprises making the target arrival time closer to the playback time during the startup
period than afterwards for those frames arriving during that period to assist in reducing a startup delay between
when the streaming media data begins to be received by the client and when the first frame is played back.

The process of Claim 22, wherein the process action of choosing the prescribed target arrival time for the frame
under consideration further comprises setting the target arrival time for each frame of the streaming media using a
logarithmic target schedule.

The process of Claim 22, wherein the process action of choosing the prescribed target arrival time for the frame
under consideration further comprises setting the target arrival time for each frame of the streaming media using a
two-piece linear target schedule wherein the difference between the target arrival time and the playback time for a
frame arriving during the startup period increases linearly to a prescribed amount of time that is large enough to
account for said network jitter, delays and throughput changes after which the difference remains substantially
constant.

The process of Claim 22, further comprising a process action of reducing the startup delay, said reducing action
comprising beginning playback of the first frame of the streaming media data as early as when a decoder buffer of
the client has a minimum amount of data therein that is needed to ensure an underflow condition does not occur at
an initial coding bit rate.

The process of Claim 25, wherein the process action of beginning playback of the first frame of the streaming media
data as early as when the decoder buffer of the client has a minimum amount of data therein, comprises the actions of:

obtaining an initial encoder buffer fullness value associated with said first frame, wherein the initial encoding
buffer fullness value is defined as the size of the encoder buffer less the size of the first frame and less the
upper bound gap associated with the first frame;

establishing said minimum amount of data as the encoder buffer size associated with the initial coding bit rate
less an initial encoder buffer fullness.

The process of Claim 26, wherein the initial coding bit rate, initial encoder buffer fullness, and encoder buffer size
are received from the server as a preamble to the streaming media data.

The process of Claim 26, wherein the process action of reducing the startup delay further comprises setting the
initial coding bit rate to a level that is less than the anticipated arrival rate of the streaming media data at the client
since said minimum amount of data decreases as the arrival rate increases relative to the coding bit rate and the
startup delay is substantially said minimum amount of data divided by the arrival rate so if the coding bit rate is less
than the arrival rate, said minimum amount of data required may be smaller and the startup delay may be less.
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The process of Claim 5 wherein the process action of establishing the current coding bit rate comprises an action
of initiating the establishment of coding bit rates only after a startup period, wherein said startup period is defined
as the period of time prior to the first instance of an estimated latest arrival time of a frame under consideration
computed for the initial coding bit rate being earlier than a target arrival time for that frame.

The process of Claim 5, wherein the prescribed degree to which the change in the coding bit rate is reduced varies
depending on whether the coding bit rate increased, in which case the prescribed degree to which any future change
in the coding bit rate is reduced is made greater in comparison to the prescribed degree in cases where the last
change in the coding bit rate decreased the rate.

The process of Claim 3, wherein the process action of establishing a current coding bit rate for the streaming media
data, comprises, in the case where the determined coding bit rate represents an increase from the immediately
previous coding bit rate, establishing a new coding bit rate only if the new rate does not exceed the current estimated
arrival rate of the frames.

The process of Claim 3, wherein the process action of establishing a current coding bit rate for the streaming media
data, comprises, in the case where the determined coding bit rate represents an increase from the immediately
previous coding bit rate which exceeds the current estimated arrival rate of the frames, establishing a new coding
bit rate only if the current client buffer exceeds the desired level by an amount that it is estimated by the client will
not be expended at the higher coding bit rate prior to the passing of a prescribed period of time.

The process of Claim 3, wherein the process action of establishing a current coding bit rate for the streaming media
data, comprises, in the case where the determined coding bit rate represents a decrease from the immediately
previous coding bit rate, establishing a new coding bit rate even if it represents a significant departure from the
immediately previous coding bit rate.

A computer-implemented process for controlling a coding bit rate of streaming media data being transmitted to a
client from a server over a computer network, comprising using the serverto perform the following process actions:

generating a streaming media data stream which exhibits a coding bit rate supported by the server, and which
after an initial startup period exhibits a coding bit rate related to a rate requested by the client;

computing parameters indicative of the state of an encoder buffer of the server, said encoder buffer being used
to stage portions of the streaming media data prior to transmission to the client; and

providing the encoder buffer state parameters and the streaming media data stream to the client, whereby said
parameters are usable by the client to establish, on an ongoing basis, a current coding bit rate for the streaming
media data, which is estimated will provide a high quality playback of the streaming media data while still keeping
a decoder buffer of the client used to receive streaming media data from the server filled to a desired duration
level so as to reduce the chance of an underflow condition which would result in an interruption of the playback
of the streaming media data by the client.

The process of Claim 34, wherein the process action of computing parameters indicative of the state of an encoder
buffer, comprises an action of, for each coding bit rate supported by the server, computing a set of parameters
defining an initial state of the encoder buffer as it would exist if a data stream corresponding to the coding bit rate
where streamed therefrom, wherein said encoder buffer parameters comprise the coding bit rate associated with
the data stream, the size of the encoder buffer employed with the coding bit rate of the data stream, and a value
indicative of the initial encoder buffer fullness exhibited at the coding bit rate of the data stream.

The process of Claim 35, wherein the process action of providing the encoder buffer state parameters and the
streaming media data stream to the client, comprises an action of providing the encoder buffer parameters computed
for each data stream exhibiting one of the supported coding bit rates to the client as part of a preamble sent to the
client prior to sending the streaming media data.

The process of Claim 35, wherein the size of the encoder buffer employed with the coding bit rate of the data stream
is chosen so as to be the minimum size buffer that will still contain the data stream at any point in the streaming

process given the coding bit rate and the initial encoder buffer fullness.

The process of Claim 35, further comprising a process action of the server computing an upper bound gap for each
frame of the streaming media data generated for each coding bit rate supported by the server, wherein the upper
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bound gap is defined as the number of data bits that the server’s encoder buffer can contain over the bits currently
contained therein after the just-generated frame is fully input into the encoder buffer.

The process of Claim 38, further comprising a process action of providing the upper bound gap computed for the
first frame of a sequence of frames exhibiting a coding bit rate that is different from that associated with the frame
generated immediately before the first frame of said sequence of frames, to the client along with an indication of
the coding bit rate associated with the sequence of frames, said gap value and coding bit rate being provided with
said first frame of the sequence.

The process of Claim 39, wherein the client estimates the upper bound gap for frames provided by the server that
do not include the associated gap value.

The process of Claim 40, wherein the client employs the encoder buffer parameters and the upper bound gap values
to determine on a frame-by-frame basis the coding bit rate that will keep the client buffer approximately at the desired
level, said determining comprising identifying a coding bit rate that reduces a difference between an estimated latest
anticipated arrival time of the frame under consideration and a prescribed target arrival time.

The process of Claim 39, further comprising the process actions of:

the server computing a shift value for each frame representing the first frame of the sequence of frames exhibiting
a coding bit rate that is different from the frame generated immediately before this first frame of the sequence,
said shift value representing a difference between the upper bound gap that would be associated with the frame
generated immediately before the first frame of the sequence had it been encoded at the current coding bit rate
and the upper bound gap actually associated with the frame generated immediately before the first frame of
the sequence encoded at the previous coding bit rate; and

providing the shift value computed for the first frame of each sequence of frames exhibiting a coding bit rate
that is different from the frame generated immediately before the first frame of the sequence, to the client with
the data comprising this first frame.

The process of Claim 42, wherein whenever a frame is provided to the client which has a different coding bit rate
than the immediately preceding frame, the currently scheduled target arrival time associated with the just received
frame is shifted by the shift value provided with the just-received frame and the currently scheduled target arrival
times for future frames are shifted such that they collectively approach over a period of time and eventually coincide
with the previous target arrival times for those frames.

The process of Claim 38, wherein a limited number of coding bit rates are supported by the server, and wherein the
process action of generating a streaming media data stream which exhibits a coding bit rate supported by the server,
and which after an initial startup period exhibits a coding bit rate related to a rate requested by the client, comprises
the actions of:

(a) receiving a coding bit rate request from the client;

(b) finding a supported coding bit rate that is equal to, or if none are equal, the closest smaller rate to, the
requested coding bit rate;

(c) whenever a supported coding bit rate is found that is a lower rate than the coding bit rate associated with
the last generated frame of the streaming media data, generating all future frames at that supported rate; and
(d) whenever a supported coding bit rate is found that is a higher rate than the coding bit rate associated with
the last generated frame of the streaming media data, determining if a difference, between the upper bound
gap associated with the last generated frame had it been encoded at the supported coding bit rate found and
the upper bound gap associated with that frame encoded at the current coding bit rate, is less than or equal to
a maximum allowable difference value,

whenever the difference is less than the maximum allowable difference value, generating all future frames at the
found supported rate, and

whenever the difference is not less than the maximum allowable difference value, finding the next lower supported
coding bit rate and repeat actions (c)-(d).

The process of Claim 44, wherein the maximum allowable difference value is received from the client along with
the coding bit rate request.
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46. The process of Claim 45, wherein the client chooses the maximum allowable difference value such that a latest
anticipated arrival time associated with a frame provided by the server immediately prior to a frame under consid-
eration by the client had it been coded at the requested coding bit rate is no more than a prescribed fraction of the
way from that frame’s target arrival time to its playback deadline.
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Adaptive video transmission with variable frame rate

Video signals are sent via a network, such as

an internet protocol network, the bandwidth of which var-
ies with time. The amount of data to be sentis controlled
by varying the frame rate. This is achieved by (a) meas-

uringthe transmission capacity to the receiver; (b) deter-
mining the rate of change of transmission capacity; and
(c) adjusting the transmitted video frame rate as a func-
tion of the said rate of change.
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Description

[0001] The present invention is concerned with the
transmission of video signals via a network.

[0002] In the future, the next generation communica-
tion environment is envisaged as allowing users to roam
freely and to communicate with each other at any time
and any place [1]. Client devices with different capabili-
ties, which range from low power mobile phones to high
performance workstations, may be used for communica-
tions. Users will be interconnected by networks with var-
ious capacities, with packet loss rates that range from
almost lossless transmission to quite error prone envi-
ronments. The rapid development of the client device
industry and the proliferation of network access technol-
ogies is expected to result in the extensive growth of
bandwidth-intensive real-time multimedia internetwork-
ing applications (e.g. voice over IP, video streaming, vid-
eo conferencing and so on).

[0003] Real-time multimedia transmission over a var-
iable bandwidth network environment requires a strict
guarantee of network bandwidth and of several other
quality of service (QoS) parameters, such as end-to-end
delay, delay variation and packet loss. Unfortunately,
mostofthe current QoS mechanisms in existing networks
(such as wireless and mobile networks) do not provide
such guarantees. In dynamic and unpredictable network
environments, due to diverse forms of mobility and inter-
ference at the air interface, it gives rise to varying band-
width and dynamically changing error rates [2]. This fur-
ther intensifies the challenge for consistent provision of
QoS. Traditional QoS mechanisms (e.g. Integrated Serv-
ices and Differentiated Services), which are typically de-
signed for wired networks, assume a fixed network to-
pology and a fixed amount of available resources. These
are inadequate to satisfy users’ QoS requirements or to
utilize the system resources efficiently, especially in
bandwidth-limited and error prone network environ-
ments.

[0004] In order to solve this, adaptive multimedia ap-
plications are proposed. By implementing adaptive ap-
plications, media quality can, in the case of bandwidth
variation of network, be adapted appropriately. The band-
width of the media stream can be scaled down to provide
a degraded quality at the destination. In this invention,
we are particularly interested in the implementation of
video applications. Adaptive video applications use pro-
tocols such as Real-Time Streaming Protocol (RTSP)
and Real-Time Protocol (RTP), to adapt to changing net-
work conditions using a number of techniques. These
techniques include hierarchical encoding, efficient com-
pression, bandwidth smoothing, rate shaping, error con-
trol, and adaptive synchronization. Feedback from lower
networking layers can be used by the application layer
and this helps to match the transmission to the available
bandwidth as well as to increase the robustness of the
video transmission. However, the perceived quality of
video applications is being neglected. Variations of frame
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rates are proposed in some of these adaptive mecha-
nisms [3] [4]. However, abrupt changes of frame rates
can annoy users and hence have a severe impact on the
perceived quality of such video applications.

[0005] QoS provisioning is an important issue in real-
time internetworking video applications. The dramatic
fluctuation of network conditions further intensifies the
problems of QoS provisioning. Under variable bandwidth
network environments (such as users are moving from
one network to another with different bandwidth capacity
or network is being congested by heavy traffic), charac-
teristics of video applications need to be adjusted in order
to fit the requirements of the current operating network
and also maintain the perceived QoS.

[0006] An IBM document on QoS policies [5] clearly
states that "the priority for smooth video is higher than
the priority for frame quality”. It points out that the impor-
tance of smooth video is even more significant when us-
ers are watching high motion videos (such as sports pro-
grammes). Traditional adaptive frame rate variation
mechanismsin video applications, which adjustthe video
requirements according to the rate supportable by the
network, attempt to keep the quality of video constant by
varying the frame rate. In these mechanisms, the per-
ceived quality of video application is often degraded as
frame rates are reduced to a much lower rate or being
increased to a much higher rate in order to fit network
conditions. The abruptchanges of frame rates (from high-
er rate to lower rate and vice versa), which cause jerki-
ness and unsteady video displays, annoy users who are
expecting a smooth and continuous flow of video frames
in real-time video applications. The users are able to no-
tice the sudden change of frame rate in video transmis-
sion. For example, a video application may be sending
video at 25 frames per second (fps) during normal net-
work condition and frame rate is reduced to 8fps when
network congestion is detected; the frame rate is then
increased to 15fps again when network conditions im-
prove. This drastic fluctuation of frame rates will affect
the smoothness of the video display and hence have a
severe impact on perceived quality.

[0007] References:

1. T. Takebayashi et al, Approaches to User-Centric
Computing System for Ubiquitous Solutions, Fujitsu
Sci. Tech. J., 39, 2, December 2003, p.261-269.

2. M. Naghshineh et al, End-to-End QoS Provision-
ing in Multimedia Wireless/Mobile Networks Using
an Adaptive Framework, IEEE Communication Mag-
azine November 1997.

3. J. Kim et al, TCP-Friendly Internet Video Stream-
ing Employing Variable Frame-Rate Encoding and
Interpolation, IEEE Transaction on Circuits and Sys-
tems for Video Technology, Vol.10, NO.7, October
2000.
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[4] W. Guetz et al., U.S. Patent 6,091,777.

[5] IBM. Functions of mobile multimedia QoS control.
http://www.trl.ibm.com/projects/mmaqos/system_
e.htm.

[0008] According to the present invention there is pro-
vided a method of transmitting video over a network to a
receiver, comprising repeatedly

(a) measuring the transmission capacity to the re-
ceiver;

(b) determining the rate of change of transmission
capacity;

(c) adjusting the transmitted video frame rate as a
function of the said rate of change.

[0009]
claims.
[0010] Some embodiments of the invention will now
be described, with reference to the accompanying draw-
ings.

[0011] The basic system operational view of our im-
plementation is depicted in Figure 1. The figure shows
one-way communication (sender-to-receiver), however,
it can be implemented as a two-way communication ap-
plication (client-to-client). Session Initiation Protocol
(SIP) can be used to start a communication session be-
tween two or more clients. Real-Time Protocol (RTP) and
[0012] Real-Time Control Protocol (RTCP) can be
used as underlying transport layer to send data packets
and also control packets. In this implementation, Session
Description Protocol (SDP) signalling can be used to re-
set the parameters of a video conferencing session and
send them to the receiving end.

[0013] The video processor, which involves capture/
display, encoder/decoder and transmitter/receiver, is
mainly for media processing. The adaptation mechanism
appears as a standalone module in the application. A
scalinginformation database extracts and stores network
statistical information (monitored periodically using a tim-
er)and user profiles (setby users). The frame rate scaling
module is the core mechanism which calculates a frame
rate scaling factor based on information obtained from
information database. A scaled frame rate will then be
fed to the video processor for setting new video param-
eters.

[0014] Figure2illustrates howthe different parameters
influence the frame rate in the case of fluctuation in the
network . To calculate the frame rate scaling factor, sev-
eral parameters need to be taken into consideration.
These parameters may include network statistics, RTCP
feedback statistics and the user profile. The main con-
tributor to the scaling factor is the network statistics,
where the changes with time (Abandwidth/At) are
tracked.

[0015] The sequence diagram (Figure 3) shows the
activity flows of our implementation. The periodic adap-

Other aspects of the invention are set out in the
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tive frame rate variation mechanism (shaded portion) is
applied to avoid the situation that frame rate variation is
only incurred when network congestion is detected. A
timer is initiated for periodic network condition monitoring
at the client end. The frame rate will be scaled based on
the scaling factor extracted from scaling information as
discussed previously. This will improve the perceived
quality by giving a gradual change of frame rate and
smooth playbacks of video throughout entire communi-
cation.

[0016] The control mechanism essentially comprises
the following steps:

(a) measurement, at intervals, of the network band-

width B(t;);

(b) determination of the gradient {B(t) - B(t.1))/(t; -

)

(c) determination of a scaling factor M, as a function

of the gradient m;

(d) determination of a new frame rate, multiplying

the existing rate by the scaling factor - subject how-

ever to the rate remaining within a range determined

by preset maximum and minimum values..
[0017] In more detail:
(a) Bandwidth could be measured by any one of a
number of conventional methods. If the communica-
tion session is peer to peer within a similar subnet,
say, in an enterprise scenario, the backhaul link of
the connecting equipment could expose its band-
width availability through its SNMP agent residing in
that particular equipment. This could be queried via
SNMP calls. On the other hand, in an environment
when there are several nodes in the path of its com-
munication, an application level implementation of
measuring its delay and thus bottleneck within that
particular path could be used. This would suggest
bandwidth availability.
Clearly it is important, in terms of reducing the risk
of large changes in frame rate, to measure the band-
width (and adjust the frame rate) at frequentintervals
- that is to say, frequent in relation to the rate of
change of network conditions. A typical rate might
be every 10 seconds. It would be possible to meas-
ure the bandwidth once per frame, but this is not
preferred, in that it involves additional overheads. In
theory the bandwidth could be measured more often
than once per frame, but naturally the frame rate
adjustment cannot occur more often than once per
frame.
(b) The gradient is determined by the formula given
above. The use of the gradient rather than simply
the absolute value of the bandwidth is significant be-
cause it introduces an element of prediction into the
assessment of bandwidth availability.
(c) The determination of the scaling factor M as a
function of the gradient m should be such that
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If mis large & positive, multiplier is >1;

If mis small & positive, multiplier is > 1 (but smaller
than when m s large);

If mis O, multiplier is 1;

If mis small & negative, multiplier is <1;

If mis large & negative, multiplier is <1 (but smaller
than when m is small and negative.

For example, a possible relationship for the situation
where the bandwidth gradient is expected to vary
over the range -50 to 50 kbit/s/s is: that M varies
between 0.4 and 2.5. A simple, piecewise-linear im-
plementation would be to specify that for m>0: M =
1+ 0.083m; form=0: M =1; and form<0: M =1 +
0.012 m. However we prefer a nonlinear relationship
in which frame rate changes are more extreme at
the ends of the scale. Such a relationship would best
be implemented by the use of a look-up table.

(d) A typical limit range for frame rate might be from
10to 25frames persecond. Thusifthe existing frame
rate is f; then the new frame rate will be

f1., = Max{Min{M¥, 25}, 10}.

[0018] The user preferences referred to earlier could
mean constraints on the level of adaptation that the user
is prepared to live with in a congested network situation,
i.e reaction time, image resolution resizing, colour depth.
This could influence the extent for the need to switch to
a lower frame rate.

[0019] In order to achieve better perceived quality of
real-time internetworking video application in variable
bandwidth network environments, degradation of video
quality needs to be occur gracefully. In the method we
have described, an adaptive mechanism, which resides
in the video application, allows smooth variation of frame
rates under variable bandwidth network environments. It
varies frame rates gradually and hence minimises the
jerkiness and flickering of video displays. A gradual deg-
radation or upgrade of video quality gives an illusion to
users that there is only little change in video quality
throughout the communication period. The variation in-
curred is less aggressive and significant as compared
with traditional frame rate variation mechanisms.
[0020] The method improves the perceived QoS of re-
al-time internetworking video applications by implement-
ing smooth variation frame rate mechanism of adaptive
video application. An adaptation mechanism resides in
a real-time internetworking multimedia application to
adapt video quality dynamically to changes in network
conditions. Network conditions are absorbed and ana-
lysed from time to time and network statistical analysis
is then fed back to the video processor of the application.
The application is then triggered to set the frame rate of
the video to a requested rate based on the analysis of
network conditions. The frame rate changes dynamically
when network conditions vary -butnot only when network
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congestion is detected. The degree of variation in frame
rate depends on the degree of variation in network con-
ditions (such as network utilization) and the variations of
frame rates occur throughout the communication ses-
sion. Hence, it prevents sudden changes in frame rate
of the video transmission and helps to minimise the jerk-
iness of video displays under variable bandwidth condi-
tions. User preferences and profiles may also be taken
into account when frame rate is being adjusted. This fur-
ther improves user perceived QoS of the application.

Claims

1. A method oftransmitting video over a network to a
receiver, comprising repeatedly

(a) measuring the transmission capacity to the
receiver;

(b) determining the rate of change of transmis-
sion capacity;

(c) adjusting the transmitted video frame rate as
a function of the said rate of change.

2. A method according to claim 1 in which the frame
rate is adjusted to equal the existing frame rate mul-
tiplied by a factor which is a monotonically increasing
function of rate of change of transmission capacity.

3. A method according to claim 2 in which the factor is
anonlinearfunction of rate of change of transmission
capacity.

4. A method according to claim 3 in which the factor is
obtained by means of a look-up table.

5. A method according to any one of the preceding
claims in which the rate of change of transmission
capacity is evaluated to determine whether an ad-
justment of frame rate is necessary at regular inter-
vals.
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an output stream of a different rate to the other streams. Each stream preferably comprises key or reference
frames and delta frames. The reference frames are synchronized between the streams so that a data unit in
one stream contains the same information as the corresponding data unit in another stream, but is
compressed to a different extent. A data stream for transmission along the channel is produced by selecting
data units from more than one compressor output stream so as to produce a stream which makes optimum
use of the available channel bandwidth. In one embodiment the duration of the data units are one of a group
comprising fixed predetermined durations and duration determined by changes in the channel bandwidth.
The method is useful in sending multimedia data streams such as audio and video over a channel such as a
cellular telephone network or the internet.
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Title of the Invention ,
Streaming of Media File Data Over a Dynamically Variable Bandwidth
Channel

Field of the Invention
The present invention relates to streaming of media file data over a channel
having a dynamically variable bandwidth, and more particularly but not exclusively to
streaming of multimedia data such as video and /or audio data over a channel having a

dynamically variable bandwidth.

Background of the Invention

Dynamically varying channel bandwidths are particularly encountered over
the Internet and like networks and over radio and cellular telephone links. On the
Internet the total bandwidth is fixed and the bandwidth available per channel tends to
depend on the amount of usage, the greater the usage the smaller the bandwidth
available per user. In radio and cellular links the available bandwidth depends on
usage, but the overall capacity may also be dependent on environmental factors.

The Internet relies on packet switched communication, whereas radio and
cellular telephone links may be either circuit-switched or packet switched. Either
way, the same considerations of channel bandwidth broadly apply.

As the bandwidth changes, a number of approaches are currently in use. One
of these is simply to buffer received video frames, to start to show the frames as soon
as the buffer is full, and to continue to show the video until the buffer is empty, then
to halt the display until the buffer is full again. Another method is to show the video
at a real time rate, displaying all frames that arrive in time and dropping all frames
that arrive too late.

In both of these methods, data is sent at the same high rate. In the first
method, unacceptable delays in showing the data are experienced. In the second
method, valuable channel bandwidth is wasted transmitting data that does not get
used.

Whether the network is a cellular telephone network or the Internet or like

wide area data network, the bandwidth of the data network is variable. In all cases the
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larger the number of users the lower the bandwidth per user, and radio-based
networks may also suffer from reduced bandwidth due to environmental conditions.
Furthermore, in the case of cellular telephone networks, events such as handover
between two base stations may also affect the available bandwidth.

In general, cellular networks are able to absorb changes in bandwidth without
the user noticing a change in the quality of the voice signal. However, it is desirable
to go beyond mere voice communication over cellular telephone networks. Already,
low level data capability is being built into mobile telephones and it is envisaged that
within the next few years, mobile telephones will be able to receive and display
multimedia data. Multimedia data uses large amounts of bandwidth and generally
requires to be displayed in real time. Thus bandwidth fluctuations will be
immediately noticeable. Currently, however, transmission of video data over cellular
phone channels is not being attempted on a commercial basis.

At present, mobile telephone systems are on their second generation and a
third generation is on the drawing board but will not be available for some years. The
problem is particularly associated with the design of advanced second generation
equipment (generation 2.5) which, it is envisaged will be able to provide multimedia
within the limitations of second generation capacity. It should be noted however that
the same considerations apply to further generations of mobile telephones and also to
other environments in which it is desired to transmit multimedia data, such as the
Internet.

Generally, multimedia data is sent over a network as a datastream in
compressed form. There are numerous algorithms for compressing data, and different
forms of compression are appropriate for compressing different forms of data.
Furthermore, a single form of compression may give rise to different levels of
compression according to compression parameters that may be set. The greater the
compression the lower will be the resulting data rate and a high level of compression
may be used to overcome channel capacity constraints. A solution may involve
selection of the compression parameters to meet a likely worst-case scenario.
However, the solution is not complete as a high level of compression leads to low
quality output and no advantage is taken of the availability for most of the
transmission time of a higher bandwidth availability.

US Patent No. 6,014,694, Aharoni et al, discloses a system for adaptively

transporting video over networks wherein the bandwidth varies with time. The
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system comprises a video/audio codec that functions to compress, encode, decode and
decompress video streams that are transmitted over networks having available
bandwidths that vary with time and location. Depending on the channel bandwidth,
the system adjusts the compression ration to accommodate a plurality of bandwidths
ranging from 20kbps for POTS to several Mbps for switched LAN and ATM
environments. Bandwidth adjustability is provided by offering a trade-off between
video resolution, frame rate and individual frame quality. The system generates a
video data stream comprising of key, P and B frames from a raw video source. Each
frame type is further comprised of multiple levels of data representing varying
degrees of quality. In addition, several video server platforms can be utilized in
tandem to transmit video/audio information with each video server platform
transmitting information for a single compression/resolution level.

P and B frames are delta frames that depend on previous frames to allow a
complete picture to be generated. Thus it is not possible simply to mix groups of
frames of different quality levels since the deltas between frames are different. The
above US Patent solves the problem by taking advantage of what is known as a group
of pictures (GOP) which is a self-contained unit such as a scene. Because they are
self-contained, GOPs of different compression levels can be successfully mixed.
However, GOP boundaries are content related and thus irregular. When GOP
boundaries are widely spaced, dynamic following of bandwidth changes are highly

inaccurate or generate delays for new users.
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Summary of the Invention

Embodiments of the present invention attempt to solve the above problems
by modifying the quantity of data to be injected into the channel to accord with a
measured capacity or bandwidth of the channel. The quantity of data is preferably
modified only by altering compression parameters, so that data fully usable in real
time can be received from the channel. Thus a reduction in bandwidth of the channel
leads to a drop in quality of the received signal and not to dropped frames or a
reduction in performance.

According to a first aspect of the present invention there is thus a device for
streaming of media file data to be sent over at least one channel having a dynamically
variable bandwidth, comprising

an input for receiving media file data at a first rate,

a multiple stream creator for creating a plurality of streams of said media file
data, each stream compressed to predetermined other rates, each stream comprising a
series of autonomous compressed data units which are mutually compatible, and

a stream selector for dynamically matching a bandwidth of the channel to
rates of said streams to send said data file as a combination of said autonomous units
from said streams via said channel,

wherein said autonomous units have durations which are one of a group
comprising fixed predetermined durations and durations determined by changes in
said channel bandwidth.

Preferably, said stream selector is operable to select a combination of said
streams in succession said combination being chosen to produce an average stream
rate over a period of time which matches said channel bandwidth.

Preferably, said bandwidth of said channel is liable to vary dynamically and
wherein said stream selector is operable to repeat said matching throughout said
streaming operation.

Preferably, said bandwidth of said channel is liable to vary dynamically and
wherein said stream selector is operable to repeat said matching throughout said
streaming operation.

Preferably, said autonomous units match each other across said plurality of

streams, thereby to enable switching between said streams.
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Preferably, said data file is arranged in said streams in a compressed media
format utilizing reference frames and delta frames and wherein each autonomous unit
is self-contained in respect of reference frames.

In an embodiment, said channel is a cellular telephone channel.
Alternatively, said channel is an Internet channel.

Preferably, the predetermined other rate is different for each stream. In
another embodiment, the predetermined other rate is identical for a set of said
streams, each stream in said set being assigned a different balance between quality
and speed of said media.

A preferred device comprises a plurality of media types, said predetermined
other rate being identical for a set of said streams, each stream in said set being
assigned a different balance between quality of said different media types.

Preferably, streams in said set are selectable by a signal received from said
channel.

Preferably, streams in said set are selectable by a signal received from said
channel.

An embodiment comprises a detector for detecting a change in the bandwidth
of said at least one channel and operable to request a corresponding change in the data
rate, and wherein the device is operable, upon receipt of said request, to set a delay,
and to issue a reference frame within said delay.

The device preferably issues said reference frame at the end of said delay.

The device alternatively issues said reference frame at the occurrence of a
largest detected interframe change within the time delay.

According to a second aspect of the invention there is provided a multiple
stream creator for receiving a data stream at a first data rate and converting said data
stream into a plurality of data streams at a plurality of data rates, said creator
comprising an input for receiving said data stream at said first data rate, and a
plurality of outputs, each operable to receive said data stream at said first rate and to
output said data stream at a predetermined rate individually set for each output as a
series of autonomous units having a duration, and wherein said duration is one of a
group comprising a fixed predetermined duration and a duration dynamically
changeable in accordance with bandwidth conditions in a transmission channel.

Preferably said outputs each comprise data buffers.
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The multiple stream creator preferably comprises a data stream processor for
processing said data stream received at said first rate into said plurality of autonomous
units, said autonomous units being synchronized blocks, thereby allowing said output
streams to be mixed in said transmission channel to produce continuously usable
output.

Preferably, said received data stream is in an uncompressed data format and
said data is compressed into a compressed data format independently for each one of
said output data streams.

According to a third aspect of the invention there is provided a method of
sending a datastream over a variable bandwidth channel comprising modifying a
quantity of data to be injected into the channel to accord with a measured capacity of
the channel, said method comprising the steps of

compressing the datastream, using an algorithm having compression
parameters, to produce a plurality of compressed datastreams each comprising
reference frames and delta frames, each compressed datastream produced by using the
algorithm together with different parameters, and

synchronizing reference frames between the compressed datastreams so that
combinations of said compressed datastreams can be sent via said channel.

Preferably, said step of synchronizing reference frames is carried out at
intervals determined by a dynamic status of said channel bandwidth.

Alternatively or additionally, said step of synchronizing reference frames is
carried out at predetermined intervals.

Alternatively or additionally, said combination of said compressed
datastreams is selected substantially dynamically to match the measured capacity of
the channel.

Preferably, a change in bandwidth of a channel causes a request for
commencement of a new autonomous unit, and wherein said request causes initiation
of measurement of a time delay, and wherein a new autonomous unit is commenced
within said time delay.

Preferably, the new autonomous unit is commenced at the end of said time
delay.

Preferably, the step is provided of determining the largest delta frame during
the time delay and sending a reference frame, to initiate said new autonomous unit, in

place of said determined largest delta frame.
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According to a fourth aspect of the present invention there is provided a tool
for controlling receipt of media file data over a network, wherein said media file data
is available at a plurality of quality levels, the tool comprising a quality selector to
enable a user to select between said different quality levels for receipt.

Preferably, said media file comprises a plurality of data groups and each
quality level is a different balance between quality levels of the plurality of data
groups.

Preferably, said quality selector comprises a slider operable to be moved

along a scale, the position of the slider on the scale indicating a quality level.

Brief Description of the Drawings

For a better understanding of the invention and to show how the same may
be carried into effect, reference will now be made, purely by way of example, to the
accompanying drawings, in which:

Fig. 1 is a generalized diagram showing a data source sending data to a series
of targets over a variable bandwidth network,

Fig. 2 is a generalized block diagram showing a first embodiment of the
present invention in which feedback concerning available bandwidth within a channel
is used to modify parameters governing compression of the datastream,

Fig. 3 is a generalized block diagram showing a second embodiment of the
present invention in which a series of compressed datastreams are continually created
and are selected for use in individual channels according to measured parameters of
the channel,

Fig. 4 is a generalized block diagram showing the channel manager and part
of a downlink manager of Fig. 3 in greater detail,

Fig. 5 is a generalized block diagram showing a third embodiment of the
present invention in which the user is able to set a quality level of the data that is
being sent,

Fig. 6 is a generalized schematic diagram of a quality level selection tool for
use by a user in selecting a quality level in the embodiment of Fig. 5, and

Fig. 7 is a generalized schematic diagram of another quality level selection

tool for use with the device of Fig. 5.
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Description of the Preferred Embodiments

Reference is now made to Fig. 1, which is a generalized diagram showing a
data source 10 sending data to a series of targets 12.1..12.n over a variable bandwidth
network 14. The network may be a cellular telephone network or the Internet or like
wide area data network or a combination. In both cases, the bandwidth of the data
network is variable. In all cases the larger the number of users the lower the
bandwidth per user, and radio-based networks may also suffer from reduced
bandwidth due to environmental conditions. Furthermore, in the case of cellular
telephone networks, events such as handover between two base stations may also
affect the available bandwidth.

Data is generally compressed before sending over the channel. The level of
compression may be preselected to accord with known or likely channel capabilities,
as described in the introduction. However such a solution has to concentrate on the
lower margins of available bandwidth and thus fails to make full use of higher
bandwidth levels when available. Conversely, solutions which send datastreams at
higher data rates and do not take the lower bandwidth levels into account lead to
unacceptable breaks and delays in performance at the receiving end.

Reference is now made to Fig. 2 which is a generalized block diagram
showing a first embodiment of the present invention in which feedback concerning
available bandwidth within a channel is used to modify parameters governing
compression of a datastream.

A multimedia datastream is received from a source 20 such as a host or
server. The datastream may be a video datastream and may be in uncompressed or
barely compressed format, for example AVI or MPEG1. The datastream is passed to
a compression unit 22 which compresses the data into a very low bit-rate stream using
compression parameters. A typical format that may be used for the very low bit-rate
stream is MPEG 4 which uses a system based on reference frames and delta frames to
compress the image part of the video data. H.263 is another typical format that may
be used. A video frame is selected as a reference frame and encoded in its entirety.
Then a series of subsequent frames are selected, but for each of these frames, the only
data that is encoded is that which has changed with respect to the previous frame.
The encoded changes form what is known as the delta frame.

Whichever of the available compression formats are used, compression is

goizerned by a series of parameters 24. This allows the compression level to be raised
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or lowered depending on the data rate required and the quality of picture desired. A
greater level of compression gives a lower quality of data at a lower data rate and a
lower level of compression gives a higher quality of data at a higher data rate.

In the embodiment of Fig. 2 a channel capacity measurement 26 is received
from a channel 28 over which the transmission occurs. The measurement may be
received from a receiving client who simply reports the received data rate. If the
received data rate is reported to be lower than the rate at which data is being sent then
it is assumed that data is being produced too fast for the channel and the parameters
24 are altered to increase the compression level until the data output rate is the same
as the channel rate. Conversely, if the data rate rises at the receiving end, the
parameters 24 may be altered to reduce the compression level and increase the output
data rate.

Reference is now made to Fig. 3, which is a generalized block diagram
showing a second embodiment of the present invention in which a series of
compressed datastreams are continually created and are selected for use in individual
channels according to measured parameters of the channel. Parts that are the same as
those mentioned in previous embodiments are given the same reference numerals and
are not referred to again except as necessary for an understanding of the present
embodiment.

In the embodiment of Fig. 3, an input datastream is received from a source 20
as before. The stream is passed to a channel manager 30, which compresses the input
datastream. However, instead of compressing it once only, it compresses it into a
plurality of output data streams, each one using different compression parameters so
as to produce a plurality of streams each having a different data rate. The various
streams are then passed to one or more downlink managers 32.1...32.n, each of which
is able to manage a limited number of channels 28 for sending output data to a limited
number of targets 34. Each target 34 is associated with a client 36, typically client
software located at the target 34, which is able to send back, to the downlink manager
32, feedback data such as the received channel rate.

The downlink manager 32 simply obtains the received channel rate from the
client 36 and mixes the various streams from the channel manager to produce an
average stream rate which matches the channel rate as closely as possible. For
example if the received channel rate is 39.5 kbits/sec and the downlink manager has

available a 35 kbits/sec stream and a 45 kbits/sec stream then the downlink manager
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will attempt to mix the two streams in suitable proportions to match the 39.5 kbits/sec
channel. Thus the target 36 may receive a continuous stream of data, the quality of
the channel influencing only the quality of the data and not the continuity.

It will be recalled that the compression systems in use include reference and
delta frame style compression. Such compression systems, when used to produce
streams at different data rates, do not produce delta frames which are interchangeable
between the different data rates. Thus in order to create streams that are
interchangeable, it is preferable to arrange all of the streams as a series of
self-contained packets of given time duration. Each of the packets is self-contained in
that it begins with a reference frame and hence does not depend on previously
transmitted data. Thus the target is able to use consecutive packets from different
streams without any data discontinuity. '

The self-contained units are preferably of relatively short duration. The
shorter the duration the better the system is able to follow dynamically changes in the
bandwidth of the connection. On the other hand, since each unit must start with a
reference or key frame, and such frames are very costly in bandwidth since they must
be transmitted in full, the use of short self-contained units itself increases the required
bandwidth. A compromise unit length of less than ten seconds, preferably 3, S or 7
seconds, is preferred.

In an alternative embodiment the length of the self-contained unit is itself
allowed to vary dynamically in accordance with circumstances. When the downlink
manager 32 detects a significant change in the channel bandwidth it issues a request
for a new data rate from the channel manager 30. Alternatively, a new target may be
requesting the data feed. The channel manager 30 initiates a time delay when a first
request is received, the delay being less than ten seconds, as discussed above, and at
the end of the delay starts new self-contained units at all data rates. Thus dynamic
following of changes in bandwidth is provided whilst transmitting the minimum
possible number of key or reference frames. If no request is received, then the system
continues to use delta frames as long as it is practical.

In a variation of the above, instead of waiting to the end of the time delay, the
channel manager first of all looks ahead at the approaching data stream and checks
whether there is a reference frame approaching during the time delay period in any
case. If so, no further action is needed. If there is no reference frame then the

channel manager looks ahead to find the biggest delta frame, representing the biggest
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instantaneous change in the picture, over the delay time period. A reference frame is
then inserted in place of the identified largest delta frame. Thus, the insertion of a full
reference frame is optimized to the data.

Reference is now made to Fig. 4 which is a generalized block diagram
showing the channel manager 30 and a part of a downlink manager 32 of Fig. 3 in
greater detail. Parts that are the same as those mentioned in previous embodiments
are given the same reference numerals and are not referred to again except as
necessary for an understanding of the present embodiment.

As shown in Fig. 4, the channel manager 30 comprises a series of
compression units 40.1, 40.2, 40.3, etc. Each of these compression units is preferably
operative to compress an input signal received from source 20, using a different
compression parameter or set of compression parameters to produce an output having
a different data rate. Each compression unit is followed by a buffer 41. The buffer 41
may be used to arranged the compressed data into packets of fixed time duration.

The downlink manager 32 comprises a series of selector switches 42, one for
each channel being managed. For the sake of simplicity, only one such switch 42 is
shown in the figure. The switch 42 receives each one of the data streams produced by
the source 20 and selects one of them at any given time to be sent to the channel 28.
Selection is carried out based on a channel capacity measurement 44, which is
received from the client 36.

Reference is now made to Fig. 5, which is a generalized block diagram
showing a third embodiment of the present invention in which the user is able to set a
quality level of the data that is being sent. Parts that are the same as those mentioned
in previous embodiments are given the same reference numerals and are not referred
to again except as necessary for an understanding of the present embodiment. As
described above, compression parameters are altered in order to change the data rate.
Generally speaking, there are numerous parameters that can be set in order to alter the
data rate, and there are numerous combinations of these parameters that can give the
same data rate. For example, parameters that may be altered include:

the extent of image compression within an individual frame,

the number of frames per second to be transmitted,

the proportion of reference frames to delta frames, and

a balance between compression levels of different parts of the data — for

example video data includes both sound and image. It is possible to increase a level
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of compression to the image and to decrease a level of compression to the sound or
vice versa.

In Fig. 5, part of a channel manager 30 is shown as well as a switch 42 of a
downlink manager. In the channel manager of the embodiment of Fig. 5, a series of
data compressors 50 are provided for each required data rate. The data compressors
are labeled high, medium and low, although in fact they are different compromises
between compression parameters. For example "high" may indicate high image
quality but low frame rate, whereas "low" may indicate low image quality but high
frame rate. The selector switch 48 is the same as in the previous embodiment except
that it now chooses channels based on two different items of information. One item
of information is the received channel rate 44, which selects the data rate as before.
The other item of information is a data quality request which is received from the
target. This selects, within the given data rate, between the different quality levels.

Reference is now made to Fig. 6, which is a generalized schematic diagram of
a quality level selection tool 60 for use by a user in selecting a quality level in the
embodiment of Fig. 5. The selection tool 60 comprises a simple longitudinal bar 62
which may be marked with labels and numbers, and a slider 64 for moving along the
bar 62. The bar shown in Fig, 6 indicates that the user may select different
compromises between sound quality and image quality.

Reference is now made to Fig. 7, which is a generalized schematic diagram of
another quality level selection tool 70 for use by a user in selecting a quality level in
the embodiment of Fig. 5. The selection tool 70 is likewise in the form of a bar and
slider but this time the choice is between high quality images at a low frame rate
(marked "still") and low quality images at a high frame rate (marked "motion™). It
will be appreciated that a low bandwidth "high" may yield a lower image quality than
a high bandwidth "low" and vice versa.

Embodiments of the present invention thus provide a system and method in
which the measured received data level of a channel is used to select a transmitted
data rate so that full advantage may be taken of fluctuating channel capacity levels to
send the highest possible quality multimedia data.

It is appreciated that certain features of the invention, which are, for clarity,
described in the context of separate embodiments, may also be provided in

combination in a single embodiment. Conversely, various features of the invention
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which are, for brevity, described in the context of a single embodiment, may also be
provided separately or in any suitable subcombination.

It will be appreciated by persons skilled in the art that the present invention is
not limited to what has been particularly shown and described hereinabove. Rather
the scope of the present invention is defined by the appended claims and includes both
combinations and subcombinations of the various features described hereinabove as
well as variations and modifications thereof which would occur to persons skilled in

the art upon reading the foregoing description.
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Claims

1. A device for streaming of media file data to be sent over at
least one channel having a dynamically variable bandwidth, comprising

an input for receiving media file data at a first rate,

a multiple stream creator for creating a plurality of streams of said media file
data, each stream compressed to predetermined other rates, each stream comprising a
series of autonomous compressed data units which are mutually compatible, and

a stream selector for dynamically matching a bandwidth of the channel to
rates of said streams to send said data file as a combination of said autonomous units
from said streams via said channel,

wherein said autonomous units have durations which are one of a group
comprising fixed predetermined durations and durations determined by changes in

said channel bandwidth.

2. A device according to claim 1, wherein said stream selector is
operable to select a combination of said streams in succession said combination being
chosen to produce an average stream rate over a period of time which matches said

channel bandwidth.

3. A device according to claim 1, wherein said bandwidth of said
channel is liable to vary dynamically and wherein said stream selector is operable to

repeat said matching throughout said streaming operation.

4, A device according to claim 2, wherein said bandwidth of said
channel is liable to vary dynamically and wherein said stream selector is operable to

repeat said matching throughout said streaming operation.
5. A device according to claim 1, wherein said autonomous units
match each other across said plurality of streams, thereby to enable switching between

said streams.

6. A device according to claim 5, wherein said data file is

arranged in said streams in a compressed media format utilizing reference frames and
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delta frames and wherein each autonomous unit is self-contained in respect of

reference frames.

7. A device according to claim 1, wherein said channel is a

cellular telephone channel.

8. A device according to claim 1, wherein said channel is an

Internet channel.

9. A device according to claim 1, said predetermined other rate

being different for each stream.

10. A device according to claim 1, said predetermined other rate
being identical for a set of said streams, each stream in said set being assigned a

different balance between quality and speed of said media.

11. A device according to claim 1, said media file comprising a
plurality of media types, said predetermined other rate being identical for a set of said
streams, each stream in said set being assigned a different balance between quality of

said different media types.

12. A device according to claim 10, said streams in said set being

selectable by a signal received from said channel.

13. A device according to claim 11, said streams in said set being

selectable by a signal received from said channel.

14. A device according to claim 1, comprising a detector for
detecting a change in the bandwidth of said at least one channel and operable to
request a corresponding change in the data rate, and wherein the device is operable,
upon receipt of said request, to set a delay, and to issue a reference frame within said

delay.
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15. A device according to claim 14, operable to issue said

reference frame at the end of said delay.

16. A device according to claim 14, operable to issue said
reference frame at the occurrence of a largest detected interframe change within the

time delay.

17. A multiple stream creator for receiving a data stream at a first
data rate and converting said data stream into a plurality of data streams at a plurality
of data rates, said creator comprising an input for receiving said data stream at said
first data rate, and a plurality of outputs, each operable to receive said data stream at
said first rate and to output said data stream at a 'predetermined rate individually set
for each output as a series of autonomous units having a duration, and wherein said
duration is one of a group comprising a fixed predetermined duration and a duration
dynamically changeable in accordance with bandwidth conditions in a transmission

channel.

18. A multiple stream creator according to claim 17, wherein said

outputs each comprise data buffers.

19. A multiple stream creator according to claim 17, comprising a
data stream processor for processing said data stream received at said first rate into
said plurality of autonomous units, said autonomous units being synchronized blocks,
thereby allowing said output streams to be mixed in said transmission channel to

produce continuously usable output.

20. A multiple stream creator according to claim 17, wherein said
received data stream is in an uncompressed data format and wherein said data is
compressed into a compressed data format independently for each one of said output

data streams.

21. A method of sending a datastream over a variable bandwidth
channel comprising modifying a quantity of data to be injected into the channel to

accord with a measured capacity of the channel, said method comprising the steps of
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compressing the datastream, using an algorithm having compression
parameters, to produce a plurality of compressed datastreams each comprising
reference frames and delta frames, each compressed datastream produced by using the
algorithm together with different parameters, and |

synchronizing reference frames between the compressed datastreams so that

combinations of said compressed datastreams can be sent via said channel.

22. A method according to claim 21, wherein said step of
synchronizing reference frames is carried out at intervals determined by a dynamic

status of said channel bandwidth.

23. A method according to claim 21, wherein said step of

synchronizing reference frames is carried out at predetermined intervals.

24. A method according to claim 21, wherein said combination of
said compressed datastreams is selected substantially dynamically to match the

measured capacity of the channel.

25. A method according to claim 22, wherein a change in
bandwidth of a channel causes a request for commencement of a new autonomous
unit, and wherein said request causes initiation of measurement of a time delay, and

wherein a new autonomous unit is commenced within said time delay.

26. A method according to claim 25, wherein said new

autonomous unit is commenced at the end of said time delay.

27. A method according to claim 25, comprising the step of
determining the largest delta frame during the time delay and sending a reference
frame, to initiate said new autonomous unit, in place of said determined largest delta

frame.

28. A tool for controlling receipt of media file data over a

network, wherein said media file data is available at a plurality of quality levels, the
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tool comprising a quality selector to enable a user to select between said different

quality levels for receipt.

29. A tool according to claim 28, wherein said media file
comprises a plurality of data groups and wherein each quality level is a different

balance between quality levels of the plurality of data groups.

30. A tool according to claim 28, wherein said quality selector
comprises a slider operable to be moved along a scale, the position of the slider on the

scale indicating a quality level.

31. A device for streaming of media file data to be sent over at
least one channel having a dynamically variable bandwidth, substantially as

hereinbefore described with reference to the accompanying drawings.

32. A multiple stream creator for receiving a data stream at a first
data rate and converting said data stream into a plurality of data streams at a plurality
of data rates, substantially as hereinbefore described with reference to the

accompanying drawings.

33. A method of sending a datastream over a variable bandwidth
channel comprising modifying a quantity of data to be injected into the channel to
accord with a measured capacity of the channel, substantially as hereinbefore

described with reference to the accompanying drawings.
34. A tool for controlling receipt of media file data over a

network, substantially as hereinbefore described with reference to the accompanying

drawings.
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