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Ⅰ 検討事項 

 放送システム委員会では、情報通信審議会諮問第 2024 号「ケーブルテレビシ

ステムの技術的条件」（平成 18 年９月 28 日諮問）のうち「ケーブルテレビにお

ける IP 放送等に関する技術的条件」について検討を行い、本報告（案）を取り

まとめた。 

 

Ⅱ 委員会及び作業班の構成 

 放送システム委員会の構成は、別表１のとおり。 

 なお、放送システム委員会の下に、委員会における調査のために必要な情報を

収集し、委員会の検討を促進させるために、IP 放送作業班を設置した。IP 放送

作業班の構成は別表２のとおり。 

 

Ⅲ 検討経過 

1. 放送システム委員会での検討 

 本件に関する放送システム委員会での検討経過は、次のとおり。 

① 第 62 回（平成 30 年４月 16 日） 

 IP 放送作業班の設置、同作業班の運営方針、検討課題及びスケジュール等

について検討を行った。また、ケーブルテレビにおける IP 放送に関する技術

的条件について、広く提案募集の機会を設けることとし、平成 30 年４月 18 日

から同年５月２日まで希望者を募集した結果、1件の提案があった。 

② 第 63 回（平成 30 年６月 22 日） 

 IP 放送作業班からの中間報告を基に技術的条件について審議を行い、デジ

タル有線テレビジョン放送方式による有線テレビジョン放送等を行う有線放

送設備に関する技術的条件のうち、搬送波の変調の型式が 256QAM 変調の場合

における搬送波等の条件について承認した。 

③ 第 64 回（平成 30 年７月 31 日） 

 IP 放送作業班からの報告を受けて、放送システム委員会報告(案)について

審議を行った。また、当該報告(案)について、広く意見を求めることとし、平

成 30 年８月３日から同年８月 24 日までの間、パブリックコメントを行うこ

ととした。 

④ 第 65 回（平成 30 年９月 10 日） 

 ８月３日から８月 24 日まで行ったパブリックコメントの結果を踏まえ、検

討を行い、放送システム委員会報告を取りまとめた。 

 

2. IP 放送作業班での調査 

 IP 放送作業班の検討経過は次のとおり。 

① 第１回（平成 30 年４月 26 日） 

 作業班の運営方法、今後のスケジュール等について検討を行った。また、構

成員からのプレゼンテーションを行い、IP 放送の現状等について検討を行っ
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た。 

② 第２回（平成 30 年５月 24 日） 

 提案募集の結果、要求条件、品質省令に係る技術的条件、実証試験の実施等

についての検討を行った。また、構成員からのプレゼンテーションを行い、ケ

ーブルテレビに係る放送・通信設備、受信設備等について検討を行った。 

③ 第３回（平成 30 年６月 19 日） 

 構成員からのプレゼンテーションを行い、ケーブルテレビに係る放送・通信

設備、デジタル有線テレビジョン放送方式の搬送波等の条件の見直し等につい

て検討を行った。 

④ 第４回（平成 30 年７月 12 日） 

 IP 放送の伝送品質に関する実証試験の結果、これまでの構成員のプレゼン

テーション等を踏まえ、IP 放送に係る伝送方式の技術的条件の検討を行い、

IP 放送作業班報告骨子案について検討を行った。 

⑤ 第５回（平成 30 年７月 24 日） 

 IP 放送に係る伝送方式の技術的条件の検討を行い、IP 放送作業班報告を取

りまとめた。 

 

Ⅳ 検討概要 

別紙１のとおり。 
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別表１（委員会構成員） 

 

情報通信技術分科会 放送システム委員会 構成員 

 

(敬称略) 

氏 名 主 要 現 職 

主査 

委員 伊丹 誠 東京理科大学 基礎工学部 電子応用工学科 教授 

主査代理 

専門委員 都竹 愛一郎 名城大学 理工学部 教授 

委員 村山 優子 津田塾大学 学芸学部 情報科学科 教授 

専門委員 井家上 哲史 明治大学 理工学部 教授 

〃 大矢 浩 一般社団法人日本 CATV 技術協会 副理事長 

〃 甲藤 二郎 早稲田大学 基幹理工学部教授 

〃 門脇 直人 国立研究開発法人情報通信研究機構 理事 

〃 関根 かをり 明治大学 理工学部 教授 

〃 高田 潤一 東京工業大学 環境・社会理工学院 教授 

〃 丹 康雄 北陸先端科学技術大学院大学 先端科学技術研究科 教授 

〃 野田 勉 スターキャット・ケーブルネットワーク(株) 上席主任研究員 

〃 松井 房樹 一般社団法人電波産業会 専務理事・事務局長 

〃 山田 孝子 関西学院大学 総合政策学部 教授 
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別表２（作業班構成員） 
情報通信技術分科会 放送システム委員会 

IP 放送作業班 構成員 

（五十音順、敬称略） 

（主任） 甲藤 二郎 早稲田大学 基幹理工学部 教授 

（主任代理） 猪俣 亮 一般社団法人日本ケーブルラボ 実用化開発部 研究員 

 青山 公平 
シンクレイヤ株式会社 技術部 専任次長 兼 IP ソリュー

ション課 課長 

 泉 英介 
住友電気工業株式会社 ブロードネットワークス事業部 

CATV システム部 部長 

 岩佐 達矢 株式会社ケーブルテレビ徳島 技術部 課長代理 

 上園 一知 株式会社ジュピターテレコム 技術開発室 マネージャー 

 大塚 孝 
イッツ・コミュニケーションズ株式会社 技術本部 ネットワ

ーク技術部 課長補佐 

 尾関 信圭 株式会社ハートネットワーク 事業戦略局 局長 

 影山 光宏 

パナソニックシステムソリューションズジャパン株式会社 

ＳＴＢネットワークビジネスユニット システム技術部 プ

ラットフォーム開発課 課長 

 川口 耕司 
株式会社コミュニティネットワークセンター 技術本部サー

バグループ グループ長 

 木谷 靖 
一般社団法人ＩＰＴＶフォーラム 技術委員会 副主査 

（株式会社 NTT ぷらら 技術本部 サービス開発部長） 

 倉掛 卓也 
日本放送協会 放送技術研究所 伝送システム研究部 上級

研究員 

 佐々木 力 株式会社ＫＤＤＩ総合研究所 研究マネージャー 

 白石 成人 株式会社愛媛ＣＡＴＶ 常務取締役 

 滝口 英樹 
東日本電信電話株式会社 ネットワーク事業推進本部 高度

化推進部 担当部長 

 内藤 明彦 
ジャパンケーブルキャスト株式会社 技術・運用本部 シニ

アマネージャー 

 中島 寛 一般社団法人日本ケーブルテレビ連盟 技術部長  

 中丸 則兼 一般社団法人日本 CATV 技術協会 事業部（規格・標準）部長 

 松本 卓三 
古河電気工業株式会社 ブロードバンドソリューション事業

部門 ブロードバンドシステム部 光システム課 課長 

 安田 和弘 
日本デジタル配信株式会社 専務執行役員 技術本部 本部

長 

 山本 秀樹 
沖電気工業株式会社 情報通信事業本部 ネットワークシス

テム事業部 システム第５部 映像配信事業責任者 
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1.はじめに 

 

 1955 年、地方部におけるテレビジョン放送の難視聴対策として始まったケ

ーブルテレビは、その後、都市部の高層化等に伴う難視聴対策にも利用される

ようになった。1980 年代後半には、情報通信の高度化に伴い、地上放送に加

え、衛星放送の同時再放送、さらには、多様な視聴者ニーズに対応した多チャ

ンネルサービスの提供、地域のニーズに対応したコミュニティチャンネルの提

供等も行う都市型ケーブルテレビが各地に登場するようになった。1990 年代

後半には、衛星放送、地上放送のデジタル化の進展に沿って、ケーブルテレビ

でもデジタル化を進め、放送のデジタル化においても役割を果たしてきた。 

 通信の分野においても、1990 年代後半にはインターネットの普及に伴い、

ケーブルテレビのネットワークを活かしたケーブルインターネットにより高

速で低廉なインターネット接続サービスを提供してきた。従来、有線回線を前

提とした、固定ブロードバンドサービスや固定電話サービス(IP 電話を含む)

の通信分野のみならず、近年は、MVNO サービス、地域 BWA サービスなど移動

通信分野においてもサービス提供を行っている事業者が増加しつつある。 

 このような状況の中で、ケーブルテレビは、高精細度テレビジョン放送

(HDTV)を超える 4K・8K フォーマットに対応した超高精細度テレビジョン放送

(UHDTV)の進展に応じて、「ケーブル 4K」等の高度な放送サービスを自ら行う

とともに、2018 年には衛星放送による 4K・8K 実用放送の本格的な開始にも対

応していくことが求められている。また、FTTH(Fiber To The Home)を含むブ

ロードバンドの普及が進んでいる中、インターネットを使って利用者に動画等

のコンテンツを提供する、いわゆる OTT(Over The Top）と呼ばれる通信分野

におけるサービスが普及しつつある一方で、放送分野における放送番組の配信

サービスとしての IP 放送について、同一の内容を不特定多数が同時に視聴で

きるという放送の特徴を確保する観点からも、IP 放送に関する技術的条件を

明確化することが求められている。 

 そこで、情報通信技術分科会放送システム委員会では、現行の有線テレビジ

ョン放送方式等の技術基準も踏まえ、ケーブルテレビの高度化及び普及促進を

図るため、必要な技術的条件の検討を行うこととし、「ケーブルテレビシステ

ムの技術的条件」のうち、「ケーブルテレビにおける IP 放送等に関する技術的

条件」について、検討を行い、報告を取りまとめたものである。 
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2.検討の背景 

 

2.1 検討開始の背景 

 IP マルチキャスト方式による放送サービスの技術的条件については、

2007(平成 19)年 3月 28日のケーブルテレビシステム委員会報告において今後

の課題として「国内のサービス状況や国内外の標準化動向を踏まえ、その必要

性も含め継続的な検討を行う必要がある」とされていた。 

 4K・8K をはじめとする放送サービスの高度化、テレビ視聴形態の多様化等

放送を取り巻く環境が変化しているとともに、固定ブロードバンド網の広帯域

化等を踏まえ、有線一般放送を行う登録一般放送事業者(以下、「ケーブルテレ

ビ事業者等」という)は、インターネットプロトコル（IP）を活用して放送を

取り巻く環境の変化に対応する取り組みを進めている。 

 4K・8K に関して、総務省は、「4K・8K ロードマップに関するフォローアップ

会合」を開催し、とりまとめた 4K・8K 推進のためのロードマップ（2014(平成

26)年９月、第一次中間報告、2015(平成 27)年７月、第二次中間報告）に基づ

き、4K・8K に関する取組を推進してきた。 

 情報通信審議会におけるケーブルテレビに関する取り組みとしては、

2014(平成 26)年 12 月、「ケーブルテレビシステムの技術的条件」のうち「ケ

ーブルテレビにおける超高精細度テレビジョン放送の導入に関する技術的条

件」について放送システム委員会において検討を行った結果に基づき、一部答

申を行った。総務省は、当該一部答申を受け、2015(平成 27)年３月に所要の制

度整備を行った。なお、当該報告において課題とされていた BS/CS110 のパス

スルー伝送方式のための左旋用中間周波数については、2018(平成 30)年２月

の放送システム委員会における検討を経て、総務省は、同年５月に所要の制度

整備を行っている。 

 2015(平成 27)年には、CS124/128、ケーブルテレビ、IPTV 等による 4K 実用

放送が既に開始されており、2016(平成 28)年には、BS による 4K・8K 試験放送

が開始され、2018(平成 30)年 12 月には、BS/CS110 により 4K・8K 実用放送が

開始される予定である。 

 ケーブルテレビに関しては、2017(平成 29)年５月、総務省の放送を巡る諸

課題に関する検討会 地域における情報流通の確保に関する分科会報告書「ケ

ーブルビジョン 2020＋ ～地域とともに未来を拓く宝箱～」において様々な提

言がなされ、放送サービスの IP 化に関連して、IP 放送の品質を確保するため

に必要な技術基準の在り方の検討を行うことが適当であるとされた。 

 このような状況の下、総務省では 2017(平成 29)年 11 月から IP ネットワー

クを活用した放送の普及を図るため「4K・8K 時代に向けたケーブルテレビの

映像配信の在り方に関する研究会（座長：伊東 晋 東京理科大学 教授）」を開

催し、IP 放送の技術基準等の在り方について検討を進め、2018(平成 30)年 6

月に報告書がとりまとめられた。 
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 このような背景を踏まえ、ケーブルテレビの放送サービスの多様化、高度化

を図るため、IP 放送等に関して必要な技術的条件の検討を行うものである。 

 

2.2 ケーブルテレビの IP ネットワーク 

 ケーブルテレビの IP ネットワークは、現在主流となっている幹線に光ファ

イバを使用した HFC(Hybrid Fiber Coaxial)による CATV アクセスサービス、

近年普及が進みつつある幹線及び分配線も含む伝送路全区間において光ファ

イバを使用する FTTH(Fiber To The Home)による FTTH アクセスサービスがあ

る。 

 HFC によるネットワークは、10MHz〜55MHz の上りと 90〜770MHz の下りの伝

送 帯 域 等 を 利 用 し て 、 DOCSIS(Data Over Cable Service Interface 

Specifications)規格により、下り 40～320Mbps 程度(DOCSIS3.0 仕様)、1Gbps

程度(DOCSIS3.1 仕様)の伝送帯域を有する。 

 一方、FTTH によるネットワークは、光領域のより広範な帯域を利用して、

数 10Mbps～10Gbps 程度の伝送帯域を有する。ケーブルテレビの FTTH につい

ては、ケーブルテレビ局舎から加入者宅まで自ら光回線を整備して FTTH を提

供する「自社回線」、ケーブルテレビ局舎から回線事業者局舎の相互接続点ま

で回線を整備、相互接続点から加入者宅までは接続料を支払うことで他事業者

の回線を用いて FTTH を提供する「接続」、ケーブルテレビ局舎から加入者宅ま

で、他の回線事業者からの光回線の卸役務の提供を受けて FTTH を提供する「卸

役務」といった方法がある。 

 それぞれの方法には、設備投資の規模、価格競争やサービス改善の容易性な

どにおいて、メリット、デメリットが存在するため、事業者は、地理的要因や

競争状況、自らの事業に必要な帯域や必要となるコスト等を踏まえて、最適な

方法を選択してネットワークを構築する必要がある。 

 

2.3 IP 放送に関する状況 

 IP マルチキャスト方式による IP 放送の実施については、放送法の技術基準

は、標準的に使用されるものとして規定される放送方式以外にも個別審査によ

り使用を認めることができる柔軟な制度となっており、従来、個別審査により

使用が認められてきた経緯がある。 

 既に多数の放送番組を提供してひっ迫している放送用のネットワークに加

え、近年、FTTH 等により広帯域化している IP ネットワークを利用して放送サ

ービスを提供するニーズが高まってきており、事業者の申請に関する負担軽減

やマルチベンダー化を促進する観点からも、従来の RF 方式と同様に、技術的

条件の検討をすることが必要となってきている。 
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3.超高精細度テレビジョン放送等に係る有線一般放送方式の要求条件 

 

3.1 要求条件 

 

3.1.1 基本的な考え方 

 超高精細度テレビジョン放送等に係る有線一般放送方式の要求条件の基本

的な考え方は次のとおりとする。 

・超高精細度テレビジョン放送等による高画質サービス、多機能及び多様で

柔軟なサービスを実現できること。 

・将来の技術動向を考慮し、実現可能な技術を採用するとともに、その後に

想定されるサービスや機能の追加等にも配慮した拡張性を有する方式と

すること。 

・現行の放送サービスや他のデジタル放送メディアとの相互運用性をでき

る限り確保するとともに、通信との連携による新たなサービスにも対応で

きること。 

・既存の設備や端末の活用並びに既存の運用形態の適用が最大限行えるこ

と。 

・送信設備、受信機及び伝送設備が満たすべき条件が開示されていること。 

 

3.1.2 システム 

項目 要求条件 備考 

インターオペラ

ビリティ 

・地上放送、衛星放送、ケーブルテレビ、IPTV 等

の様々なメディア間で、できる限り互換性を

有すること。 

・既存のシステムに妨害を与えないこと。 

・ケーブルテレビにおける既存の放送・通信サー

ビスと併存でき、新方式の円滑な導入及びマ

イグレーションが可能であること。 

 

サ
ー
ビ
ス 

高機能化

／多様化 

・現行の高精細度テレビジョン放送（HDTV）、超

高精細度テレビジョン放送（UHDTV）サービス

を基本とした高画質サービスを可能とするこ

と。 

 

・多様で柔軟な高機能サービスを可能とするこ

と。 

・インターネット等の通信系を利用したサービ

スについても考慮すること。 

・チャンネル切り替えに要する時間は、可能な限

り短いこと。 
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・年齢による視聴制限（パレンタルレート）設定

のような、視聴者によるアクセス制御を可能

とすること。 

・緊急警報信号のような非常災害時における対

象受信機への起動制御信号及び緊急情報の放

送について考慮すること。 

拡張性 
・サービス形態、符号化方式、受信機、限定受信

方式等について拡張性を有すること。 

 

アクセシ

ビリティ 

・高齢者、障がい者等様々な視聴者向けのサービ

スについても考慮すること。 

・種々の放送サービスに視聴者が容易にアクセ

スできること。 

・さらに、放送と通信系のサービスが連携するサ

ービスへのアクセスが容易であること。 

 

実時間性 

・高い実時間性を要求される場合を考慮するこ

と。 

・視聴者に違和感を与えない程度の映像・音声の

遅延差であること。 

 

システム制御 

・放送の要件に応じて伝送パラメータの選択や

組合せの変更を行うことができ、また、それに

合わせて受信機制御が可能な方式とするこ

と。 

 

・送出する映像、音声、データの容量やチャンネ

ル数等を任意に選択、変更できること。 

 

著作権保護 
・放送コンテンツの記録及び利用に関して制御

できる機能を有すること。 

 

個人情報保護 ・受信者の個人情報保護について考慮すること。  

国際標準との 

整合性 

・国際標準との整合性を考慮し、容易に導入でき

るシステムとなるよう考慮すること。 
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3.1.3 放送品質 

項目 要求条件 備考 

画質 

・現行の HDTV、UHDTV サービスと同等又はそれ

以上の画質が望まれることを考慮し、できる

限り高い画質を保つこと。 

・標準テレビジョン放送（SDTV）についても、

できるだけ高画質を保つこと。 

 

・情報源符号化による画質劣化の時間率ができ

るだけ小さいこと。 

・サービスに応じて画像のビットレートを変更

できること。 

音質 

・現行の HDTV、UHDTV サービスと同等又はそれ

以上の音質が望まれることを考慮し、できる

限り高い音質を保つこと。 

・SDTV についても、できるだけ高音質を保つこ

と。 

・多チャンネル音声など高臨場感音声サービス

を可能とすること。 

 

・サービスに応じて音声のビットレートを変更

できること。 

 

3.1.4 技術方式 

項目 要求条件 備考 

映像入力フォー

マット及び符号

化方式 

・現行の HDTV、UHDTV サービスを考慮した映像入

力フォーマット及び高効率かつ高画質な符号

化方式であること。 

 

・将来の拡張性を考慮した符号化方式であるこ

と。 

音声入力フォー

マット及び符号

化方式 

・現行の HDTV、UHDTV サービスを考慮した音声入

力フォーマット及び高効率かつ高音質な符号

化方式であること。 

・多チャンネル音声放送が可能な符号化方式で

あること。 

・将来の拡張性を考慮した符号化方式であるこ

と。 

 

データ符号化方

式 

・将来の拡張性を考慮した符号化方式であるこ

と。 

・通信系のサービスとの連携を考慮した符号化

方式であること。 
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多重化方式 

・多様なサービスの柔軟な編成が可能な多重化

方式であること。 

・通信系のサービスとの連携を考慮すること。 

・他のサービスとの相互運用性を考慮すること。 

・衛星等による放送波の再放送のような、他の放

送ネットワークからの乗り移りの容易性を考

慮すること。 

 

・自主放送信号及び再放送信号の独立性が確保

できるように考慮すること。 

限
定
受
信
方
式 

ス ク ラ ン

ブ ル サ ブ

システム 

・高度な秘匿性を有すること。  

・不正受信に対して十分な安全性を有し、脆弱性

が発見された場合等に対応可能な機能を有す

ること。 

関 連 情 報

サ ブ シ ス

テム 

・関連情報伝送や限定受信機能に関して十分な

安全性を有し、その安全性を継続的に維持・改

善できること。 

 

・種々のサービス形態に対応するため、課金・収

納方式等に自由度があり、弾力的な運用が可

能であること。 

・個々の受信者へ向けた情報の伝送、表示が可能

であること。 

・新規関連情報サブシステムへの更新や拡張性

を考慮すること。 

・関連情報は可能な限り共通の形式によること。 

・関連情報の配付は、効率的で正確、確実なもの

であること。 

 

 

 

 

 

伝

送

路

符

号

使 用 す る

IP アドレ

ス 

・IPマルチキャスト方式の IPアドレスを対象と

すること。 

 

伝 送 帯 域

幅 

・放送サービスとして提供される放送信号の全

てを伝送するために必要な帯域幅を確保する

こと。 

 

伝 送 路 の

ト ラ ヒ ッ

ク の 要 求

条件 

・放送のトラヒックが通信のトラヒックと伝送

路を共有している場合、放送のトラヒックを

安定的に伝送するための措置がとられている

こと。 
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化

方

式 
通信系 

・伝送路の帯域の有効利用及び多様なサービス、

特に現行の HDTV、UHDTV サービスを伝送でき

るよう十分な伝送容量を確保できる通信方式

であること。 

 

誤 り 訂 正

系 

・採用する通信方式との整合性が良いこと。 

・符号化効率が良いこと。 

・サービスの要求に応じた誤り耐性の選択を考

慮すること。ただし、伝送容量の低下を最小限

にとどめること。 

 

伝送容量 

・通信サービスからのトラヒックの影響を考慮

した上で、放送サービスとして提供しようと

する放送信号を伝送するために必要十分な伝

送ビットレートを確保できること。 

 

受信機等への 

配慮 

・現行設備や受信機への負担等を考慮して、技術

方式を選定すること。 

 

 

3.1.5 受信機 

項目 要求条件 備考 

操作性 

・操作が簡単であること。 

・受信者や事業者の要求に応じて、受信機機能の

更新が可能であること。 

・高齢者、障がい者等に配慮した操作性を有する

こと。 

・所望のサービスの選択が統一的な操作方法で

行えることが望ましい。 

 

処理系 
・番組視聴に必要となる、必要十分なメモリ容量

及びその情報の処理機能・能力を持つこと。 

 

インターフェー

ス 

・映像、音声出力については、既存の受像機にお

ける提供について考慮すること。 

・適切な著作権保護を実現する機能を有するこ

と。 

・高速データ転送が可能であること。 

・多様な機器を複数接続でき、かつ、接続設定が

容易であること。 

・受信機が対応するサービスに応じたインター

フェースを有すること。 

 

拡張性 
・ハードウェア及びソフトウェアの追加、変更に

ついて考慮されていること。 
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3.2 要求条件との整合性 

 3.1.1 から 3.1.5 に示した要求条件の各項目に対して、今回検討した方式との

整合性は以下のとおり。 

 

3.2.1 基本的な考え方 

項目 要求条件 整合性 

基本的な考え

方 

・超高精細度テレビジョン放送等によ

る高画質サービス、多機能及び多様で

柔軟なサービスを実現できること。 

・将来の技術動向を考慮し、実現可能な

技術を採用するとともに、その後に想

定されるサービスや機能の追加等に

も配慮した拡張性を有する方式とす

ること。 

・現行の放送サービスや他のデジタル

放送メディアとの相互運用性をでき

る限り確保するとともに、通信との連

携による新たなサービスにも対応で

きること。 

・既存の設備や端末の活用並びに既存

の運用形態の適用が最大限行えるこ

と。 

・送信設備、受信機及び伝送設備が満た

すべき条件が開示されていること。 

・現行の有線テレビジョン放送等

で提供されている超高精細度テ

レビジョン放送、高精細度テレ

ビジョン放送等によるものと同

等のサービスが提供できるよう

にすることによって、高画質サ

ービス、多機能及び多様で柔軟

なサービスの実現、その後に採

用されるサービスや機能の追加

等にも配慮した拡張性を有する

ことを考慮した。 

・情報源符号化方式等について、

現行の方式等と同等のものを採

用することによって、現行の放

送サービスや他のデジタル放送

メディアとの相互運用性を確保

するとともに、IP ネットワーク

を活用した伝送方式によって、

通信との連携による新たなサー

ビスにも対応できることを考慮

した。 

・上記の方式を採用するにあたっ

て、既存の設備や端末の活用並

びに既存の運用形態の適用が最

大限行えること、送信設備、受信

機及び伝送設備が満たすべき条

件が開示されていることを考慮

した。 
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3.2.2 システム 

項目 要求条件 整合性 

インターオペラ

ビリティ 

・地上放送、衛星放送、ケーブルテレビ、

IPTV 等の様々なメディア間で、でき

る限り互換性を有すること。 

・既存のシステムに妨害を与えないこ

と。 

・ケーブルテレビにおける既存の放送・

通信サービスと併存でき、新方式の

円滑な導入及びマイグレーションが

可能であること。 

・情報源符号化方式等について、

現行の方式等と同等のものを

採用することによって、様々な

メディア間で、できる限り互換

性を有することを考慮した。 

・IP 伝送方式が、既存のシステム

に妨害を与えないこと、既存の

放送・通信サービスと併存で

き、新方式の円滑な導入及びマ

イグレーションが可能である

ことを考慮した。 

サ
ー
ビ
ス 

高 機 能 化

／多様化 

・現行の高精細度テレビジョン放送

（HDTV）、超高精細度テレビジョン放

送（UHDTV）サービスを基本とした高

画質サービスを可能とすること。 

・情報源符号化方式等について、

現行の方式等と同等のものを

採用することによって、HDTV、

UHDTV サービスを基本とした高

画質サービスを可能とするこ

と、多様で柔軟な高機能サービ

スを可能とすること、視聴者に

よるアクセス制御を可能とす

ること、緊急制御信号及び緊急

情報を放送することを考慮し

た。 

・IP伝送方式を採用することによ

って、インターネット等の通信

系を利用したサービスについ

ても考慮するとともに、信号の

遅延を規定することにより、チ

ャンネル切り替えに要する時

間を可能な限り短くすること

を考慮した。 

・多様で柔軟な高機能サービスを可能

とすること。 

・インターネット等の通信系を利用し

たサービスについても考慮するこ

と。 

・チャンネル切り替えに要する時間は、

可能な限り短いこと。 

・年齢による視聴制限（パレンタルレー

ト）設定のような、視聴者によるアク

セス制御を可能とすること。 

・緊急警報信号のような非常災害時に

おける対象受信機への起動制御信号

及び緊急情報の放送について考慮す

ること。 

拡張性 

・サービス形態、符号化方式、受信機、

限定受信方式等について拡張性を有

すること。 

・現行の有線テレビジョン放送等

を同等の放送方式を採用して

おり、同等の拡張性等を有す

る。 
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アクセシ 

ビリティ 

・高齢者、障がい者等様々な視聴者向け

のサービスについても考慮するこ

と。 

・種々の放送サービスに視聴者が容易

にアクセスできること。 

・さらに、放送と通信系のサービスが連

携するサービスへのアクセスが容易

であること。 

・現行の有線テレビジョン放送等

と同等の放送方式を採用して

おり、同等のアクセシビリティ

等を有する。 

・IP伝送方式を採用することによ

って、放送と通信系のサービス

が連携するサービスへのアク

セスがより容易になっている。 

実時間性 

・高い実時間性を要求される場合を考

慮すること。 

・視聴者に違和感を与えない程度の映

像・音声の遅延差であること。 

・IP 伝送方式の技術的条件とし

て、現行のデジタル有線テレビ

ジョン放送方式の技術的条件と

同等程度の性能を有するようネ

ットワーク品質、安定品質等の

条件を定めており、高い実時間

性、映像・音声の遅延差は確保

される。 

システム制御 

・放送の要件に応じて伝送パラメータ

の選択や組合せの変更を行うことが

でき、また、それに合わせて受信機制

御が可能な方式とすること。 

・IP 伝送方式の採用により、柔軟

にシステム制御や受信機制御が

可能となっており、また、送出

する映像、音声、データの容量

やチャンネル数等を任意に選

択、変更可能である。 

・送出する映像、音声、データの容量や

チャンネル数等を任意に選択、変更

できること。 

著作権保護 

・放送コンテンツの記録及び利用に関

して制御できる機能を有すること。 

・現行のデジタル有線テレビジョ

ン放送方式と同様の機能を実

現可能である。 

個人情報保護 

・受信者の個人情報保護について考慮

すること。 

・現行のデジタル有線テレビジョ

ン放送方式と同様の機能を実

現可能である。 

国際標準との整

合性 

・国際標準との整合性を考慮し、容易に

導入できるシステムとなるよう考慮

すること。 

・現行のデジタル有線テレビジョ

ン放送方式と同様に国際標準

との整合性等を考慮した。 
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3.2.3 放送品質 

項目 要求条件 整合性 

画質 

・現行の HDTV、UHDTV サービスと同等又

はそれ以上の画質が望まれることを

考慮し、できる限り高い画質を保つこ

と。 

・標準テレビジョン放送（SDTV）につい

ても、できるだけ高画質を保つこと。 

・現行の HDTV、UHDTV サービスと

同等又はそれ以上の画質を保つ

ことができる。 

・ビットレートを適切に選定する

ことにより、画質劣化の時間率

を小さくすることが可能であ

り、伝送容量の範囲内で、サービ

スに応じて画像のビットレート

を変更可能である。 

・情報源符号化による画質劣化の時間

率ができるだけ小さいこと。 

・サービスに応じて画像のビットレー

トを変更できること。 

音質 

・現行の HDTV、UHDTV サービスと同等又

はそれ以上の音質が望まれることを

考慮し、できる限り高い音質を保つこ

と。 

・SDTV についても、できるだけ高音質を

保つこと。 

・多チャンネル音声など高臨場感音声

サービスを可能とすること。 

・現行の HDTV、UHDTV サービスと

同等又はそれ以上の画質を保つ

ことができる。 

・ビットレートを適切に選定する

ことにより、画質劣化の時間率

を小さくすることが可能であ

り、伝送容量の範囲内で、サービ

スに応じて画像のビットレート

を変更可能である。 ・サービスに応じて音声のビットレー

トを変更できること。 

 

3.2.4 技術方式 

項目 要求条件 整合性 

映像入力フォー

マット及び符号

化方式 

・現行の HDTV、UHDTV サービスを考慮し

た映像入力フォーマット及び高効率

かつ高画質な符号化方式であること。 

・現行のデジタル有線テレビジョ

ン放送方式と同等の映像入力フ

ォーマット及び符号化方式であ

る。 ・将来の拡張性を考慮した符号化方式

であること。 

音声入力フォー

マット及び符号

化方式 

・現行の HDTV、UHDTV サービスを考慮し

た音声入力フォーマット及び高効率

かつ高音質な符号化方式であること。 

・多チャンネル音声放送が可能な符号

化方式であること。 

・将来の拡張性を考慮した符号化方式

であること。 

・現行のデジタル有線テレビジョ

ン放送方式と同等の音声入力フ

ォーマット及び符号化方式であ

る。 
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データ符号化方

式 

・将来の拡張性を考慮した符号化方式

であること。 

・通信系のサービスとの連携を考慮し

た符号化方式であること。 

・現行のデジタル有線テレビジョ

ン放送方式と同等のデータ符号

化方式が利用可能である。 

多重化方式 

・多様なサービスの柔軟な編成が可能

な多重化方式であること。 

・通信系のサービスとの連携を考慮す

ること。 

・他のサービスとの相互運用性を考慮

すること。 

・衛星等による放送波の再放送のよう

な、他の放送ネットワークからの乗り

移りの容易性を考慮すること。 

・現行のデジタル有線テレビジョ

ン放送方式と同等の多重化方式

である。 

・IP 伝送方式の採用により、通信

系のサービスとの連携がより容

易になっている。 

・自主放送信号及び再放送信号の独立

性が確保できるように考慮すること。 

限

定

受

信

方

式 

  

ス ク ラ ン

ブ ル サ ブ

システム 

・高度な秘匿性を有すること。 ・現行のデジタル有線テレビジョ

ン放送方式と同等のスクランブ

ル方式である。 

 

・不正受信に対して十分な安全性を有

し、脆弱性が発見された場合等に対応

可能な機能を有すること。 

関 連 情 報

サ ブ シ ス

テム 

・関連情報伝送や限定受信機能に関し

て十分な安全性を有し、その安全性を

継続的に維持・改善できること。 

・安全性の維持・改善については、

受信機側でハードウェアを更新

する方法、受信機側で記録媒体

等を使ってソフトウェアを更新

する方法、又は放送や通信を使

ってソフトウェアを更新する方

法により確保可能である。 

・IP 伝送方式を採用することで、

種々のサービス形態への対応、

個々の受信者へ向けた情報伝

送、表示等が可能である。 

・関連情報等に関しては、現行の

デジタル有線テレビジョン方式

と同等の対応が可能である。 

・種々のサービス形態に対応するため、

課金・収納方式等に自由度があり、弾

力的な運用が可能であること。 

・個々の受信者へ向けた情報の伝送、表

示が可能であること。 

・新規関連情報サブシステムへの更新

や拡張性を考慮すること。 

・関連情報は可能な限り共通の形式に

よること。 

・関連情報の配付は、効率的で正確、確

実なものであること。 

伝

送

路

使 用 す る

IP アドレ

ス 

・IP マルチキャスト方式の IP アドレス

を対象とすること。 

・IP 伝送方式において利用する IP

アドレスは、マルチキャストア

ドレスとした。 



 

21 
 

符

号

化

方

式 

伝 送 帯 域

幅 

・放送サービスとして提供される放送

信号の全てを伝送するために必要な

帯域幅を確保すること。 

・IP 伝送方式において、提供しよ

うとする放送サービスに必要な

放送信号の全てを伝送するため

に必要な伝送帯域を確保するこ

とを技術的条件とした。 

伝 送 路 の

ト ラ ヒ ッ

ク の 要 求

条件 

 

・放送のトラヒックが通信のトラヒッ

クと伝送路を共有している場合、放送

のトラヒックを安定的に伝送するた

めの措置がとられていること。 

・IP 伝送方式において、放送のト

ラヒックを通信のトラヒックに

優先して伝送する等の措置をと

ることを技術的条件とした。 

通信系 

・伝送路の帯域の有効利用及び多様な

サービス、特に現行の HDTV、UHDTV サ

ービスを伝送できるよう十分な伝送

容量を確保できる通信方式であるこ

と。 

・現行において十分な実績のある

IPネットワークを対象としてお

り、現行の HDTV、UHDTV サービ

スを伝送できる十分な伝送容量

の確保が可能である。 

誤 り 訂 正

系 

・採用する通信方式との整合性が良い

こと。 

・符号化効率が良いこと。 

・サービスの要求に応じた誤り耐性の

選択を考慮すること。ただし、伝送容

量の低下を最小限にとどめること。 

・現行において十分な実績のある

IPネットワークを対象としてお

り、符号化効率、誤り耐性の選択

が可能である。 

伝送容量 

・通信サービスからのトラヒックの影

響を考慮した上で、放送サービスとし

て提供しようとする放送信号を伝送

するために必要十分な伝送ビットレ

ートを確保できること。 

・現行において十分な実績のある

IPネットワークを対象としてお

り、放送信号を伝送するために

必要十分な伝送ビットレートを

確保可能である。 

受信機等への配

慮 

・現行設備や受信機への負担等を考慮

して、技術方式を選定すること。 

・現行設備で既に採用済み又は機

能拡張することで対応可能な技

術方式を採用した。 

 

3.2.5 受信機 

項目 要求条件 整合性 

操作性 

・操作が簡単であること。 

・受信者や事業者の要求に応じて、受信

機機能の更新が可能であること。 

・高齢者、障がい者等に配慮した操作性

を有すること。 

・所望のサービスの選択が統一的な操

作方法で行えることが望ましい。 

・民間規格及び受信機設計におい

て考慮されることを想定した。 
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処理系 

・番組視聴に必要となる、必要十分なメ

モリ容量及びその情報の処理機能・能

力を持つこと。 

・民間規格及び受信機設計におい

て考慮されることを想定した。 

 

インターフェ

ース 

・映像、音声出力については、既存の受

像機における提供について考慮する

こと。 

・適切な著作権保護を実現する機能を

有すること。 

・高速データ転送が可能であること。 

・多様な機器を複数接続でき、かつ、接

続設定が容易であること。 

・受信機が対応するサービスに応じた

インターフェースを有すること。 

・民間規格及び受信機設計におい

て考慮されることを想定した。 

 

拡張性 

・ハードウェア及びソフトウェアの追

加、変更について考慮されているこ

と。 

・民間規格及び受信機設計におい

て考慮されることを想定した。 
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4.インターネットプロトコル伝送の技術的条件 

 

 インターネットプロトコル伝送(以下、「IP 伝送」という)の技術的条件につ

いては、総務省において、ケーブルテレビの IP 放送に係る映像配信の在り方

について検討するため、４Ｋ・８Ｋ時代に向けたケーブルテレビの映像配信の

在り方に関する研究会が開催され、「４Ｋ・８Ｋ時代に向けたケーブルテレビ

の映像配信の在り方に関する研究会報告書」(参考資料４)(以下、「IP 放送報

告書」)が取りまとめられている。技術的条件を検討するに当たっては、IP 放

送報告書の検討結果を踏まえ、IP ネットワークを利用して行われる IP 放送の

技術的条件として、安定的な伝送のための措置、伝送品質、伝送帯域、サービ

ス可用性等について検討を行うこととした。 

 IP 伝送の技術的条件については、これまで RF 方式による伝送において用い

られてきた搬送波という物理的な電磁波等の性質に基づく条件ではなく、IP

パケットという論理的なトラヒックを管理する条件を基本として、電波による

放送や RF 方式による放送の伝送品質と同等程度で柔軟性の高い技術基準の検

討を行うこととした。 

 したがって、既存の RF 方式による有線テレビジョン放送方式として、有線

一般放送の品質に関する技術的条件を定める省令（以下、「品質省令」という）

の第２章第２節 デジタル有線テレビジョン放送方式による有線テレビジョ

ン放送等を行う有線放送設備に係る条件と同等程度となるような技術的条件

を検討する。なお、品質省令の第２章第２節には、RF 方式の技術基準として

「入力信号の条件」、「搬送波の周波数」、「搬送波の変調等」、「搬送波等の条件」

が規定されている。 

 地上基幹放送や衛星基幹放送の同時再放送を行うために空中線により放送

波を適切に受信するための条件である「入力信号の条件」は、現行と同等程度

の品質を確保するため、既存の規定を適用することとするが、「搬送波の周波

数」、「搬送波の変調」、「搬送波等の条件」として規定されている技術的条件に

ついては、それらに替えて、「パケットの IP アドレス」、「総合品質」、「ネット

ワーク品質」、「安定品質」等に関する技術的条件を検討した。 

 

4.1 システムの構成 

 

4.1.1 IP 伝送型ケーブルテレビの構成例 

 本報告においては、ケーブルテレビのヘッドエンドから受信者端子までの

間において、IP ネットワークを利用した IP マルチキャスト方式による放送

システムを IP 伝送型ケーブルテレビということとする。IP 伝送型ケーブル

テレビは、ネットワークの構成に応じて、地域 IP 伝送型ケーブルテレビ(図

4.1-1)及び広域 IP 伝送型ケーブルテレビ(図 4.1-2)を想定することができ

る。地域 IP 伝送型ケーブルテレビは、ヘッドエンドを中心とした一定の地
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理的範囲内の受信者向けの IP 放送のサービスを提供するためのケーブルテ

レビシステムである。一方、広域 IP 伝送型ケーブルテレビは、一般に広域

又は全国にネットワークが構築されている電気通信サービス用の IP ネット

ワークを利用した広域又は全国の受信者向けの IP 放送のサービスを提供す

るためのケーブルテレビシステムであり、広域又は全国で一律の放送サービ

スの提供も可能となっている。 

 

 

 

図 4.1-1 地域 IP 伝送型ケーブルテレビの構成例 

 

 
 

図 4.1-2 広域 IP 伝送型ケーブルテレビの構成例 

 

 

4.1.2 IP 伝送型ケーブルテレビの構成要素 

 IP 伝送型ケーブルテレビは、FTTH の場合は、図 4.1-3 のように、アンテ

ナ等、IP 放送送出装置等、ルータ、OLT(Optical Line Terminal)、光伝送

路、受信用光伝送装置[ONU: Optical Network Unit]、ルータ、受信者端子、
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受信設備［IP-STB(Internet Protocol-Set Top Box)、IP 放送の受信機能を

搭載したデジタルテレビ等（以下、「IP-STB 等」という)]の構成要素からな

る。図 4.1-3 に示すヘッドエンド入力、ONU 入力及び出力、受信者端子の４

つの規定点での性能規定を検討した。 

 

 

 

図 4.1-3 IP 伝送型ケーブルテレビの構成要素、性能規定点(FTTH) 

 

 また、HFC の場合は、図 4.1-4 のように、アンテナ等、IP 放送送出装置等、

ルータ、CMTS(Cable Modem Termination System)、光・同軸伝送路、保安装

置、CM(Cable Modem)、ルータ、受信者端子、受信設備の構成要素からなる。

図 4.1-4 に示すヘッドエンド入力、保安装置出力、受信者端子の３つの規定

点での性能規定を検討した。 

 

 

 

図 4.1-4 IP 伝送型ケーブルテレビの構成要素、性能規定点(HFC) 

 

 また、性能規定を検討するにあたり、IP 伝送型ケーブルテレビに係る有線

放送設備に関するレイヤモデルについて、図 4.1-5 のとおり整理し、主とし

てネットワーク層を対象に検討した。加えて、それらの性能とデータリンク

層における性能との技術的な相関性について検討した。 
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図 4.1-5 IP 伝送型ケーブルテレビ設備に関するレイヤモデル 

 

 4.2 に電気信号等に係る技術的条件として、①ヘッドエンドの入力端子に

おける入力信号、②受信者端子における信号等に関する条件を、4.3 に受信

者端子以外の性能規定点における技術的条件として、①受信用光伝送装置の

入力端子又は出力端子、②保安装置の出力端子における信号等に関する条件

を、4.4 に情報源符号化方式等に係る技術的条件として、①情報源符号化、

多重化、誤り訂正、スクランブル、緊急警報信号等、②多重化(IP パケット

化に係る部分に限る)等に関する条件を、4.5 にサービス可用性に関する技

術的条件、4.6 に測定方法に関して検討した経緯と結果を示す。 

 

4.1.3 地上放送、衛星放送等の放送方式の条件 

(1)標準テレビジョン放送等のうちデジタル放送に関する送信の標準方式

(総務省令)(以下、「デジタル放送の標準方式」という）第３章に規定する

地上基幹放送局を用いて行う標準テレビジョン放送のうちデジタル放送

及び高精細度テレビジョン放送に準拠する方式 

(2)デジタル放送の標準方式第５章に規定する 11.7GHz を超え 12.2GHz 以下

の周波数の電波を使用する衛星基幹放送局を用いて行う標準テレビジョ

ン放送、高精細度テレビジョン放送、超高精細度テレビジョン放送、超短

波放送、データ放送に準拠する方式 

(3)デジタル放送の標準方式第５章に規定する 12.2GHz を超え 12.7GHz 以下

の周波数の電波を使用する衛星基幹放送局を用いて行う標準テレビジョ

ン放送、高精細度テレビジョン放送、超高精細度テレビジョン放送、超短

波放送、データ放送に準拠する方式 

(4)品質省令第 11 条第３項及び第４項に規定された条件に適合するデジタ

ル有線テレビジョン放送方式による有線テレビジョン放送等に準拠する

方式 
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4.2 電気信号等に係る技術的条件 

 

4.2.1 ヘッドエンドの入力端子における入力信号の条件 

 ヘッドエンドの入力端子における入力信号の条件については、品質省令第

９条に規定する入力信号の条件とする。 

 

(理由) 

 IP 伝送における伝送品質は、品質省令第２章第２節で規定されたデジタ

ル有線テレビジョン放送方式による有線テレビジョン放送等を行う有線放

送設備に係る条件と同等程度の技術的条件を定めることとしているから、ヘ

ッドエンドの入力端子における入力信号の条件についても同等の条件とす

ることが適当である。 

 

4.2.2 受信者端子等における信号の条件 

(1)IP 放送について 

 IP 伝送型ケーブルテレビは、「４Ｋ・８Ｋ時代に向けたケーブルテレビ

の映像配信の在り方に関する研究会報告書」(以下、「IP 放送報告書」とい

う）の IP 放送に相当するものとする。IP 放送報告書においては、IP 放送

は、「ケーブルテレビ事業者等により、ヘッドエンドから受信者端子まで

の間において、管理された IP ネットワークを利用した、IP マルチキャス

ト方式による通信であって、放送法における放送に該当するもの」と定義

されていることから、本報告においても同等の定義を採用する。なお、管

理された IP ネットワークとは、少なくとも 4.2.2.2 総合品質及び

4.2.2.3 ネットワーク品質、4.2.2.4 安定品質の技術的条件の全てを満

たす IP ネットワークのこととする。 

(2)IP 伝送型ケーブルテレビの技術的条件の考え方 

 IP 放送を行う IP 伝送型ケーブルテレビに係る受信者端子等における信

号の条件は、IP 放送報告書の検討結果も踏まえ検討する。 

 IP 伝送は、ルーティング処理やトラヒックの混雑、アクセス網等を共有

している場合には他者のトラヒックによる影響等により生じるパケット

の遅延や損失等に対処する必要がある。品質省令の伝送品質に係る技術基

準としては、ヘッドエンドの主たる機器の入力端子における入力信号を、

受信者端子において、実質的に誤りを生じない水準で受信するための技術

的条件を規定していることから、IP 伝送においても同等程度の技術的条件

とすることが適当である。 

 さらに、伝送品質を検討するにあたっては、放送には同一の内容を不特

定多数の者が同時に視聴できるという特徴があることを考慮する必要が

ある。 
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 なお、ITU-T 勧告 J.241（Quality of service ranking and measurement 

method for digital video services delivered over broadband IP 

networks)（参考資料５）には、パケットの損失率、パケットの遅延、パケ

ットのジッタ(到達時刻の揺らぎ）、スループット、サービス可用性、前方

誤り訂正等が IP ネットワークの伝送品質を評価する指標として挙げられ

ている。 

(3) 他の事業者等が提供する電気通信役務用の回線の利用 

 ケーブルテレビのネットワークの一部に他の事業者等が提供する電気

通信役務用の回線を利用する場合は、電気通信回線の性能を適切に配分し

て回線の区間ごとに必要な伝送品質を確保したり、安定的な伝送のための

措置や伝送帯域を確保等するなどにより、ケーブルテレビのネットワーク

全体の性能を確保することが必要である。ケーブルテレビ事業者等は、当

該他の事業者等と利用する回線の区間に応じ、総合品質、ネットワーク品

質、安定品質等について確認することが適当である。 

 

4.2.2.1 パケットの IP アドレス等 

 IP 伝送による放送番組の伝送に際して利用される IPパケットに宛先とし

て付与される IP アドレスは、IPv4 の場合は RFC 5771(IANA Guidelines for 

IPv4 Multicast Address Assignments)（参考資料８）、IPv6 の場合は RFC 

4291(IP Version 6 Addressing Architecture)（参考資料９）に定められる

マルチキャストアドレスとする。 

 

(理由) 

 デジタル有線テレビジョン放送方式では、品質省令において、搬送波の変

調の型式に 64 値直交振幅変調等を用いる場合は、放送番組を送るためのチ

ャンネルを、受信者端子における搬送波の周波数として個別に規定し、受信

設備では当該周波数を使用して、放送番組を選局し、受信している。 

 一方、IP 伝送型ケーブルテレビは、IP マルチキャスト方式により放送す

るから、IP 放送送出装置等は、搬送波の周波数に相当するものとして、IP ア

ドレスのうち、マルチキャストアドレスを宛先として IP パケットを送出し、

受信設備は当該マルチキャストアドレス又はマルチキャストアドレスと送

信元の IP アドレスの組み合わせを使用して放送番組を選局し、受信する。 

 したがって、搬送波の周波数に相当する条件として、ヘッドエンドから受

信者端子まで、放送番組の IP 伝送に際して利用される IP パケットに宛先と

して付与される IP アドレスはマルチキャストアドレスとすることが適当で

ある。 

 なお、マルチキャストアドレスは、IETF (Internet Engineering Task 

Force)によって発行された RFC に定められるものが、国際的に標準として利

用されているから、RFC 5771(IANA Guidelines for IPv4 Multicast Address 
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Assignments)、RFC 4291(IP Version 6 Addressing Architecture)等に定め

られる以下のマルチキャストアドレスとすることが適当である。 

(1) IPv4 のマルチキャストアドレス 

 32 ビットの IP アドレスの先頭 4 ビットが 1110 で始まり、続いて、28

ビットのグループ ID で構成された IP アドレスを使用する。 

 

 

 

図 4.2-1  IPv4 のマルチキャストアドレスの構成 

 

 ただし、RFC 5771 に定められた以下の区分に従って利用することとし、

IP 伝送型ケーブルテレビの番組伝送には、Administratively Scoped 

Block、Source-Specific Multicast Block の IP アドレスの範囲内のもの

を利用することが望ましい。なお、以下に記載のない IP アドレスは、予

約等とされているものである。 

IP アドレスの範囲 目的 

224.0.0.0-224.0.0.255 Local Network Control Block 

224.0.1.0-224.0.1.255 Internetwork Control Block 

224.0.2.0-224.0.255.255 AD-HOC Block I 

224.3.0.0-224.4.255.255 AD-HOC Block II 

232.0.0.0-232.255.255.255 Source-Specific Multicast Block 

233.0.0.0-233.251.255.255 GLOP Block 

233.252.0.0-233.255.255.255 AD-HOC Block III 

239.0.0.0-239.255.255.255 Administratively Scoped Block 

 

(2) IPv6 のマルチキャストアドレス 

 128ビットのIPアドレスの先頭８ビットが11111111で始まり、続いて、

４ビットのフラグ、４ビットのスコープ、112 ビットのグループ ID で構成

された IP アドレスを使用する。 

 

 

 

図 4.2-2  IPv6 のマルチキャストアドレスの構成 

 

 ただし、フラグ、スコープの構成は、RFC 4291 の定めに従い、スコープ
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の区分は以下のとおり。IP 伝送型ケーブルテレビの番組伝送には、

Organization-Local scope、Global scope のマルチキャストアドレスを利

用することが望ましい。なお、以下に記載のないスコープは、予約等とさ

れているものである。 

スコープの値(16 進) 目的 

1 Interface-Local scope 

2 Link-Local scope 

3 Realm-Local scope 

4 Admin-Local scope 

5 Site-Local scope 

8 Organization-Local scope 

E Global scope 

 

 なお、放送番組の選局は、放送番組毎に関連づけられたマルチキャスト

アドレス又はマルチキャストアドレスと送信元の IP アドレスの組み合わ

せ(放送番組のチャンネルに相当)を選択することにより行われる。具体的

な選局等の処理は、IPv4 の場合は IGMP(Internet Group Management 

Protocol)、IPv6 の場合は MLD(Multicast Listener Discovery Protocol)

を利用して行う。当該プロトコルの主な機能は、受信者の選局操作に基づ

き、選局された放送番組の受信を開始すること(JOIN)及び終了すること

(LEAVE)である。 

 IGMPv2 は RFC 2236(Internet Group Management Protocol, Version 2)、

IGMPv3 は RFC 3376(Internet Group Management Protocol, Version 3)及

び RFC 4604(Using Internet Group Management Protocol Version 3 

(IGMPv3) and Multicast Listener Discovery Protocol Version 2 

(MLDv2) for Source-Specific Multicast)に、MLDv2はRFC 3810(Multicast 

Listener Discovery Version 2 (MLDv2) for IPv6)及び RFC 4604 に定め

られている。なお、IGMPv3 は機能的には MLDv2 に相当するプロトコルであ

る。 

 

4.2.2.2 総合品質 

 IP伝送における総合品質は、受信者端子におけるパケットの損失率とし、

１×10-7以下の技術的条件を満たすこととする。 

 

(理由) 

(1)パケットの損失率 

 ヘッドエンドの主たる機器の入力端子における入力信号が受信者端子

において正確に復元できるという同一性を確保する観点から、受信者端子

におけるパケットの損失率に関する技術的条件を、受信者端子に接続した
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受信設備により放送番組の受信を確保するための上位層における補正を

考慮した総合品質とすることが適当である。 

 技術的条件を検討するに当たり、(一社)日本ケーブルラボにおいて、実

証試験を実施した(実証試験の詳細は、「IP 放送伝送品質実証実験報告書」

(参考資料１)を参照)（以下、「IP 放送実証試験報告書」という）。実証試

験においては、送信側で、TS(Transport Stream)のストリームをパケット

化した RTP/UDP パケット(IP パケットのペイロード。詳細は 4.4.2 を参照)

のストリームを、エミュレータ等によって、当該パケットの損失率を１×

10-3 から１×10-7 まで変化させたストリームを発生させ、疑似的な伝送路

を経由させた後、受信側で、TS アナライザにより、パケットの損失率、TS

のストリームとしての規格適合性について測定した。併せて IP-STB を接

続して映像及び音声の状態を観察した。 

 パケット損失率が 1×10-5 以上までの場合は、映像にブロックノイズが

入ることが視認可能であった。パケット損失率が 1×10-5未満(1×10-6以下

及び 1×10-7以下)の場合は、誤り検出時点の映像を個別に確認すればブロ

ックノイズ等を視認できる場合があるが、通常の視聴状態での視認は難し

いとの結果が得られている。 

 一方で、現行の品質省令で規定されている誤り訂正後のビット誤り率 1

×10－11は、TS ストリームの伝送容量を 15Mbps とすると、平均的には２時

間程度は誤りが生じない水準と考えることができる。これをパケット損失

率で考えると、通常の RTP パケットに TTS パケット(パケットサイズ 192

×８ビット)が７パケット挿入されている場合、RTP パケットの１パケット

当たりのサイズは、1.08×104ビットとなるから、伝送容量 15Mbps で平均

的に２時間程度は誤りが生じない水準としては、1.0×10-7程度のパケット

損失率に相当すると考えられる。なお、伝送容量に応じて、誤りが生じる

頻度は異なるが、実証試験においては、12Mbps、30Mbps、60Mbps、80Mbps

のいずれの伝送容量でも、誤り検出時の映像の状態については同様である

との結果が得られている。 

 以上を踏まえ、受信者端子におけるパケットの損失率に関する技術的条

件としては 1×10-7以下とすることが適当である。 

 なお、パケットの損失率は、受信設備による上位層の前方誤り訂正(AL-

FEC: Application Layer Forward Error Correction)により改善が可能で

あるから、AL-FEC を使用する場合は、当該前方誤り訂正後の損失率とする

ことが適当である(図4.2-3のストリーミング処理部におけるAL-FEC処理

後)。 
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図 4.2-3 IP-STB 等の機能構成例 

 

(2)上位層における前方誤り訂正(AL-FEC) 

 ヘッドエンドから受信者端子までの間でパケットの損失が生じた際に、

その損失に対処する手段として、AL-FEC がある。AL-FEC については、技

術基準とはせず、利用するか否かは事業者の判断となるが、パケットの損

失率の技術基準への適合性を評価する際に考慮することが適当である。 

 AL-FEC のデータ構造等については、IETF の RFC 2733(An RTP Payload 

Format for Generic Forward Error Correction)、RFC 5109(RTP Payload 

Format for Generic Forward Error Correction)などに定められている。

一方、具体的な AL-FEC については、(一社)IPTV フォーラムの IPTV 規定 

地上デジタルテレビジョン放送IP再送信運用規定(IPTVFJ STD-0005 1.4

版)（参考資料 11）(以下、「IPTV 再送信運用規定」という)「第６編 通信

運用規定」で定められており、Pro-MPEG FEC Code of Practice #3 

release2(以下、「Pro-MPEG FEC」という)を採用している。 

 Pro-MPEG FEC は L(横方向)×D(縦方向)個のパケットを 2次元に配置し、

縦方向、横方向の各パケットに演算(XOR)を施して得られた FEC パケット

を利用して誤り訂正を行う方法である。縦方向のみの FEC パケットを利用

する Pro-MPEG 1D FEC、縦方向及び横方向の FEC パケットを利用する Pro-

MPEG 2D FEC がある。図 4.2-4 は L=10、D=10 の FEC パケットを生成するた

めのパケット配置図である。100 個のパケットに対して、Pro-MPEG 1D FEC

の場合は縦方向の FEC パケットが 10 個、Pro-MPEG 2D FEC の場合は、縦方

向及び横方向を合わせて FEC パケットが 20 個生成されることとなる。 
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図 4.2-4 Pro-MPEG FEC におけるパケット配置 

 

 IP 放送実証試験報告書によれば、Pro-MPEG FEC の誤り訂正能力は、誤

り訂正前のパケット損失率に依存しており、誤り訂正前と誤り訂正後のパ

ケット損失率の関係は、Pro-MPEG 1D FEC の D=5 と、D=10 の場合について

は、図 4.2-5 のとおりである。この場合、誤り訂正後においてパケット損

失率 1×10-7以下を得るためには、誤り訂正前のパケット損失率が 1×10-4

以下である必要がある。なお、この誤り訂正能力は、ランダムに発生する

誤りに対するものである。 

 

 
 

図 4.2-5 Pro-MPEG 1D FEC における誤り訂正能力 
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4.2.2.3 ネットワーク品質 

 IP 伝送におけるネットワーク品質は、ヘッドエンドから受信者端子まで

の間において、以下の(1)及び(2)の技術的条件を満たすこととする。 

(1)パケットの遅延は、1.0 秒以下 

(2)パケットのジッタは、100 ミリ秒以下 

 

(理由) 

 ヘッドエンドの主たる機器の入力端子の入力信号が受信者端子におい

て正確に復元できるという同一性、入力端子の入力信号が受信者端子に同

時と考えられる一定の時間内に到達するという同時性を確保する観点か

ら、受信者端子におけるパケットの遅延、ジッタ(到達時刻の揺らぎ）に関

する技術的条件をネットワーク品質とすることが適当である。 

 

(1)パケットの遅延 

 遅延とは、パケットをヘッドエンドの主たる機器の入力端子から受信者

端子まで伝送するために要する時間とする。ただし、ヘッドエンドで行わ

れる情報源符号化、多重化、スクランブル等(以下、「情報源符号化等」と

いう）は、放送番組の画質等事業者の提供するサービスの品質等に係るも

のであり、必要に応じ、任意規格等により対応することが適当であるから、

情報源符号化等に要する時間は当該遅延には含まないこととする。なお、

再放送に際しては、トランスコードや再スクランブルをしない場合には、

ヘッドエンドで情報源符号化等の処理は行われないのが通常である。自主

放送の場合も情報源符号化等の処理は、送出に先立って行われるのが通常

である。 

 遅延の検討に当たっては、入力端子の入力信号が受信者端子に同時と考

えられる一定の時間内に到達するという同時性を確保する観点からは、

様々な考え方を採ることができる。本報告では、一つの考え方として、放

送番組の伝送遅延に対する視聴者の感覚として、どの程度であれば遅れて

いると感じないかという観点から、映像や音声等は高度な符号化が行われ

ており、復号には一定の時間を要することを踏まえ、特に最大の容量を有

する映像に係るストリームの復号に要する時間を基準に考えることとす

る。映像の符号化方式である ITU-T 勧告 H.262(MPEG-2)、H.264(MPEG-4 

AVC)、H.265(HEVC)のいずれの方式であっても、前後のフレームとは独立し

て復号可能なフレーム(Intra Frame：以下、「Ｉフレーム」という)が周期

的に出現し、受信設備では選局後、当該フレームを受信してから映像が再

生されることとなる。「デジタル放送における映像符号化、音声符号化及

び多重化方式 標準規格」(ARIB STD-B32)（参考資料 10）において、遅延

時間に関する制約として、H.265(HEVC)におけるＩフレームの間隔は原則

32/60 秒以内で最大 1.0 秒、また、その復号処理遅延は 0.5 秒以下とされ
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ている。これにより、放送波を直接受信する場合においても、映像を再生

するには、I フレームの待機時間と受信設備の処理時間が必要であり、受

信開始から映像が再生されるまでに0.5～1.5秒程度の遅延が生じている。

したがって、パケットの遅延を、当該遅延の平均程度以下、すなわち 1.0

秒以下とすることで、パケットの遅延と映像を再生するまでの処理時間を

合わせて 1.5～2.5 秒以下とすることができ、視聴者の感覚からは同時性

の観点で違和感がないと考えられるから、パケットの遅延に関する技術的

条件としては、1.0 秒以下とすることが適当である。 

 なお、将来、出現すると想定される新たな映像符号化方式において、同

様の考え方を採り得るか否かについては、新たな映像符号化方式が国際標

準等として規格化された時点で改めて検討することが適当である。 

 

(2)パケットのジッタ 

 技術的条件を決定するに当たり、(一社)日本ケーブルラボにおいて実証

試験を実施した。実証試験においては、送信側において、エミュレータに

より遅延を 100～500ms の範囲で変化させることでジッタを発生させて、

受信側において、TS アナライザによりジッタを測定した。併せて、IP-STB

を接続して映像音声の状態を観察した。 

 TS アナライザで測定されたジッタは非常に小さな値となっているが、TS

アナライザ自身はジッタを吸収するバッファを有していないため、ジッタ

に対応せず、受信エラーを検出したが、IP-STB はジッタに対応して映像及

び音声を適切に受信することができ、映像品質等に影響は出なかった。 

 また、(一社)IPTV フォーラムの IPTV 再送信運用規定「第７編 送出運

用規定」において、ガイドラインとして、パケット受信時のジッタは 100

ミリ秒以下(送出設備及びネットワークにおける合計値)が望ましいとさ

れており、既に市場に供給されている受信設備も本規定に基づいて製造さ

れ、市場で利用されている実績がある。 

 したがって、ジッタについては、IP 放送実証試験報告書によれば、適切

な容量のバッファを IP-STB 等が有していれば、放送番組の視聴に影響は

出ないことから、既に利用の実績がある、IPTV 再送信運用規定のガイドラ

インを踏まえ、技術的条件としては、100 ミリ秒以下とすることが適当で

ある。 

 

(3)緊急地震速報等 

 IP 伝送による緊急地震速報等を含む再放送等を行う場合、緊急地震速報

等については、その性質から特に迅速な提供が可能な方式により行うこと

ができるよう、民間規格等において、十分に短い時間で伝送できるよう配

慮することが適当である。 

 



 

36 
 

 

4.2.2.3 安定品質 

 IP 伝送における安定品質は、ヘッドエンドから受信者端子までの間にお

いて、以下の(1)及び(2)の技術的条件を満たすこととする。 

(1)安定的な伝送のための措置 

 品質省令第２章第２節で規定されたデジタル有線テレビジョン放送方

式による有線テレビジョン放送等を行う有線放送設備に係る条件と同等

の安定性を確保するために必要な以下のいずれかの措置を講ずる。 

①IP 伝送による放送番組の伝送に際して利用されるパケットを優先的に

伝送するために必要な措置 

②IP 伝送による放送番組の伝送に際して利用されるパケットのみを伝送

する帯域を確保するために必要な措置 

 

(2)伝送帯域 

 ヘッドエンドから受信者設備までの間における以下の区間においてそ

れぞれ十分な伝送帯域を有するものとする。 

①中継系伝送路設備においては、提供する全ての放送番組を伝送するため

に必要な伝送帯域 

②アクセス系伝送路設備においては、受信者端子において提供しようとす

る放送番組の全てを伝送するために必要な伝送帯域 

 

(理由) 

 IP 伝送は、RF 方式による伝送と比較して、放送用と通信用の周波数が

固定的に割り当てられていないため、伝送路を柔軟に利用して、放送と通

信のトラヒックを効率的に伝送することが可能になっている。一方で、一

般に放送と通信のトラヒックが同じ伝送路を共用しており、時間帯や地域

に応じてトラヒックの変動が生じ、また、送信側、受信側の状況により、

トラヒックが想定の範囲を超えて大きく変動する可能性がある。 

 通信のトラヒックの変動にかかわらず、放送のトラヒックを安定して伝

送するためには、ケーブルテレビ事業者等は、IP ネットワークを含む有線

放送設備を適切に設計、構成、運用することが必要である。ただし、これ

に必要なコストや運用等がケーブルテレビ事業者等の過大な負担になら

ないように留意する必要がある。 

 IP ネットワークを利用して、放送のトラヒックを安定的に伝送する観点

から、ヘッドエンドから受信者端子までの区間において、安定的な伝送た

めの措置、伝送帯域に関する技術的条件を、安定品質とすることが適当で

ある。 

(1)安定的な伝送のための措置 

 IP 伝送により、放送のトラヒックを安定的に伝送するためには、放送
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トラヒックの優先制御を行うこと、放送トラヒックのための専用帯域を

確保すること等があり技術基準としてこれらの要件化を検討すること

が適当である。 

 放送トラヒックの優先制御は、IP パケットのヘッダ部のサービス種別

(Type of Service:IPv4 の場合)又はトラヒッククラス（Traffic 

Class:IPv6 の場合)の先頭３ビットを利用して、IP パケットの優先度を

設定することにより行う。最大８段階の優先度の設定が可能となるが、

IP 放送送出装置等において、放送のトラヒックには十分に高位の優先度

を設定した上で、ルータ等により当該優先度の設定を参照して、放送ト

ラヒックが通常の通信トラヒックよりも優先的にルーティング、伝送さ

れるように処理する必要がある。優先制御に関して、設定した優先度と

同等以上の優先度のトラヒックが集中することにより放送トラヒック

の安定品質が低下しないような技術的な手段が確保されるとともに、IP

ネットワークの有する伝送帯域や利用者の動向等を踏まえ、IP ネットワ

ークの監視や必要に応じた伝送帯域の拡張等の適切な運用を行うこと

が必要である。 

 放送トラヒックの専用帯域の確保は、論理的又は物理的に放送トラヒ

ックのみが伝送される帯域を利用してルーティング、伝送を行う必要が

ある。専用帯域を確保している場合についても IP ネットワークの監視

や必要に応じた伝送帯域の拡張等の適切な運用を行うことも必要であ

る。 

 

(2)伝送帯域 

 ケーブルテレビ事業者等は、映像及び音声のほか、放送事業者等が送

信しようとしている放送に係る信号の全てを含む情報を送るための IP

ネットワークの帯域として、中継網やアクセス網などにおいて、受信者

に対して提供しようとする放送サービスの提供条件に基づき、必要な帯

域を確保することが必要である。 

 なお、ここでいう必要な帯域の確保とは、中継網、アクセス網等にお

ける伝送に利用する通信方式について ITU、IEEE 等の規格で定められ

た伝送帯域の値を用いて算出された帯域があることで足りると考える

ことが適当である。  

 必要な帯域を算出にするにあたり、各受信者の家庭では、複数の受信

設備による視聴や裏番組の録画など複数の放送番組を同時に受信する

ニーズが想定されるため、放送番組を複数同時に提供することが望まし

いが、４Ｋ・８Ｋ等の大容量の映像を含む放送番組については、最低限、

１番組を伝送することを確保することが必要である。ケーブルテレビ事

業者等が受信者に対して提供しようとする放送サービスの提供条件に

応じて、２番組以上の放送番組を同時に受信者に対して伝送する必要が
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ある場合には、当該事業者においては、同時に伝送する番組数に応じた

帯域を確保することが必要である。 

 IP 伝送による放送信号の伝送に必要な帯域は、放送番組の映像信号、

音声信号、データ信号その他の信号の伝送に必要な帯域を番組の種類

(標準テレビジョン放送、高精細度テレビジョン放送、超高精細度テレビ

ジョン放送等)毎に算出し、ケーブルテレビ事業者等は、受信者に対して

提供しようとする放送サービスの提供条件に応じて、必要な帯域を確保

することが適当である(図 4.2-7 に伝送帯域の算出方法の事例を示す)。 

 

（参考 4.2-1）映像・音声・字幕等により構成される放送番組の伝送に利用され

る容量 

地上放送(2K) 約 24Mbps[H.262] 

約 15Mbps[H.264] 

ケーブル４Ｋ(4K) 約 29Mbps[H.265] 

新 4K8K 衛星放送(4K) 約 33Mbps[H.265] 

新 4K8K 衛星放送(8K) 約 100Mbps[H.265] 

 

（参考 4.2-2）放送システム委員会報告(平成 26 年 3 月 25 日参考資料 9 60/P 及

び 60/I 映像の所要ビットレート確認実験) 

映像フォーマットの例 所要ビットレート 

(テストモデルを用いた推定) 

1080/60/I(2K) 

1080/60/P(2K) 

10Mbps～15Mbps[H.265] 

10Mbps～15Mbps[H.265] 

2160/60/P(4K) 30Mbps～40Mbps[H.265] 

4320/60/P(8K) 80Mbps～100Mbps[H.265] 

 

 ケーブルテレビ事業者等は、中継系伝送路設備のコア網及び中継網に

おいては、当該事業者が提供する全ての番組を送信することができる帯

域、アクセス系伝送路設備のアクセス網においては、当該事業者が受信

者に対して同時に提供するとしている番組数に応じて、必要な数の番組

を同時送信することができる帯域を確保することが必要である(コア網、

中継網、アクセス網の伝送路の区分については、図 4.2-4、図 4.2-5、図

4.2-6 を参照)。 
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図 4.2-4 IP 伝送網の区分(FTTH、地域 IP 伝送型) 

 

 

 

図 4.2-5 IP 伝送網の区分(FTTH、広域 IP 伝送型) 

 

 

 

図 4.2-6 IP 伝送網の区分(HFC、地域 IP 伝送型) 
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○ケーブルテレビ事業者等が、地上放送[HD]9 番組、衛星放送[HD]29 番組、自主放

送[HD]70 番組、ケーブル４K等[4K]2 番組の放送サービスを提供し、加入者に対

して、4K は 1 番組、その他は 2番組を同時提供することとした場合の事例 

必要な帯域の算出     

地上放送[HD, H.264] 15Mbps × 9 番組 =135Mbps 

衛星放送[HD, H.264] 15Mbps × 29 番組 =435Mbps 

自主放送(多チャンネル番組)[HD, H.264] ６Mbps × 70 番組 =420Mbps 

自主放送(ケーブル 4K 等)[4K, H.265] 29Mbps × 2 番組 =58Mbps 

 合計  1,048Mbps 

○コア網及び中継網で必要な帯域(全番組を伝送可能な帯域) 

1,048Mbps 

○アクセス網で必要な帯域(同時送信する番組全てを伝送可能な帯域) 

・４K １ｃｈ 29Mbps 

・地上放送 ２ｃｈ 30Mbps 

・地上放送＋衛星放送 30Mbps 

・地上放送＋自主放送(多チャンネル番組) 21Mbps 

 

図 4.2-7 伝送帯域の算出方法の事例(IP 放送報告書より抜粋) 

 

 

4.2.2.4 受信者端子間分離度及び受信者端子におけるその他の条件等 

 IP 伝送に係る受信者端子の技術的条件として、受信者端子間分離度及び

受信者端子におけるその他の条件等は適用しない。 

 

(理由) 

 IP 伝送に係る受信者端子における信号の条件として、IP パケットのアド

レス、ネットワーク品質、安定品質に係る技術的条件となっており、電磁波

に関する技術的条件ではないから、現行の受信者端子間分離度及び受信者端

子におけるその他の条件等の規定を適用する必要はない。 

 

 

4.3 受信者端子以外の性能規定点における技術的条件 

 

4.3.1 受信者宅内ネットワークの構成 

 受信者宅内ネットワークは、受信者宅(戸建て、集合住宅等)の構造に応じ

て、様々な形態があるが、本報告では受信者宅内の最も基本的なネットワー

ク構成を対象に技術的条件を検討する。当該検討に際しては、IP ネットワー

クにおけるルーティングはルータ等の機能により実現されていることから、

IP 伝送型ケーブルテレビにおける受信者端子については、STB の機能を有す

る機器とルータ等を含む一体の設備を受信設備とみなすことができること

30Mbps 
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とし、この場合、当該受信設備の入力端子を受信者端子とすることが適当で

ある。 

 なお、基本的なネットワークとは異なる形態のものについては、IP 放送報

告書にあるとおり、その多様性・複雑性に鑑みて、民間標準化団体等の主導

の下、民間規格による技術仕様の策定、それを活用した推奨や認証の仕組み

を進めていくことを期待するとともに、一般には、ケーブルテレビ事業者等

と受信者の間の契約約款等に基づき個々のケースに応じた対応をしていく

ことが適当である。 

 

4.3.2 受信者宅内ネットワークの構成要素 

 受信者宅内ネットワークは、FTTH の場合は、図 4.3-1 のように、ONU(受信

用光伝送装置)の出力端子、ルータ、受信者端子、受信設備の構成要素から

なる。 

 

 
 

図 4.3-1 受信者宅内ネットワークに関する構成要素、性能規定点(FTTH) 

 

 また、HFC の場合は、図 4.3-2 のように、保安装置の出力端子、CM(Cable 

Modem)、ルータ、受信者端子、受信設備の構成要素からなる。 

 

 

 

図 4.3-2 受信者宅内ネットワークに関する構成要素、性能規定点(HFC) 
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4.3.3 受信用光伝送装置の入力端子又は出力端子 

 受信用光伝送装置の入力端子又は出力端子においては、技術的条件は定め

ないこととする。 

 ただし、IP-STB 等の機能を有する機器とルータ等を含む一体の設備を受

信設備とみなすことができるから、この場合、当該受信設備の入力端子を受

信者端子とみなして、受信用光伝送装置の出力端子における技術的条件は、

受信者端子における技術的条件と同等と考えることができる。 

 

(理由) 

 IP 放送実証試験報告書の実証試験の結果に基づけば、受信用光伝送装置

の入力端子における受光レベルとパケット損失率の相関係数|R|は、80Mbps

と 12Mbps のデータを伝送した場合、それぞれ、|R|≒0.739、|R|≒0.810 と

され、パケットの損失率と受信用光伝送装置の入力端子における受光レベル

には、一定の相関関係があることが認められる(80Mbps 場合：図 4.3-3、

12Mbps の場合：図 4.3-4)。 

 

 
 

図 4.3-3 80Mbps における受光レベルとパケット損失率の関係 
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図 4.3-4 12Mbps における受光レベルとパケット損失率の関係 

 

 しかしながら、この相関関係は、実証試験の実施環境からは、アクセス網

についての結果であり、中継網を有していない地域 IP 伝送型ケーブルテレ

ビについては適用の可能性があるが、中継網を有する広域 IP 伝送型ケーブ

ルテレビについては、コア網及び中継網におけるパケット損失等が考慮され

ていないから、そのまま適用することはできない。また、アクセス網に採用

した光アクセス技術の方式等の違いにより相関関係が異なる可能性もある

ことから、引き続き、検証が必要である。 

 したがって、受信用光伝送装置の入力端子における受光レベルと、IP 放送

送出装置等から送出されたパケットが受信者端子に到達するまでの全区間

における損失率との関係が明確になっていないことなど、実証が十分になさ

れたとはいえないから、今後の検討課題とし、受信用光伝送装置の入力端子

における技術的条件は定めないこととするのが適当である。 

 一方、受信用光伝送装置の出力端子については、IP-STB 等の機能を有する

機器とルータ等を含む一体の設備を受信設備とみなすことができるから、こ

の場合、当該受信設備の入力端子(図 4.3-1 では、ルータの入力端子)が受信

者端子とみなせる。この場合、当該受信者端子と受信用光伝送装置の出力端

子との間を適切な LAN ケーブル等で接続し、当該ルータにおいて放送のトラ

ヒックが優先されるようにルーティングされていれば、当該出力端子から当

該受信者端子までの信号の劣化は極めて小さく、実質的に両端子の技術的条

件は同等とみなすことができるから、当該性能規定点における技術的条件は、

受信者端子における技術的条件と同等と考えることができる。したがって、

受信用光伝送装置の出力端子における技術的条件は定めないこととする。 

 

4.3.4 保安装置の出力端子 

 保安装置の出力端子においては、技術的条件は定めないこととする。 
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(理由) 

 IP 放送実証試験報告書の実証試験の結果に基づけば、保安装置の出力端

子における搬送波(C: Carrier)のレベルと雑音(N: Noise)のレベル比（CN

比)とパケット損失率の相関関係|R|は、80Mbps と 12Mbps のデータを伝送し

た場合、それぞれ、|R|≒0.741、|R|≒0.744 とされ、パケットの損失率と保

安装置の出力端子における CN 比には、一定の相関関係があることが認めら

れる(80Mbps 場合：図 4.3-5、12Mbps の場合：図 4.3-6)。 

 しかしながら、実証試験の結果は、地域 IP 伝送型ケーブルテレビについ

て適用の可能性があるが、コア網におけるパケット損失等が考慮されていな

いから、保安装置の出力端子の技術的条件としてそのまま適用することはで

きない。また、採用した変調方式や通信方式等の違いにより相関関係が異な

る可能性もあることから、引き続き、検証が必要である。 

 したがって、実証が十分になされたとはいえないから、今後の検討課題と

し、保安装置の出力端子における技術的条件は定めないこととするのが適当

である。 

 

 

 
図 4.3-5 80Mbps における CN 比とパケット損失率の関係 
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図 4.3-6 12Mbps における CN 比とパケット損失率の関係 

 

 

4.4 情報源符号化方式等に係る技術的条件 

 

4.4.1 情報源符号化、多重化、誤り訂正、スクランブル、緊急警報信号等に

ついての技術的条件 

 品質省令第 11 条第３項等の規定を準用する。 

 

(理由) 

 IP 伝送における伝送品質は、品質省令第２章第２節で規定されたデジタ

ル有線テレビジョン放送方式による有線テレビジョン放送等を行う有線

放送設備に係る条件と同等程度の技術的条件を定めることとしているか

ら、情報源符号化、誤り訂正、スクランブル、緊急警報信号等の条件につ

いても同等の条件とすることが適当である。 

 

4.4.2 多重化(IP パケット化に係る部分に限る)についての技術的条件 

 TS パケット及び TLV パケットを IP パケット化して伝送する。 

 

(理由) 

 放送に係る MPEG-2 TS(Moving Picture Expert Group-2 Transport 

System)方式及び MMT･TLV(MPEG Media Transport・Type Length Value)方

式により生成されたストリームである TS(Transport Stream)パケット及

びTLVパケットは、映像、音声等が多重化されたビットストリームであり、

IP ネットワークを利用して伝送するためには、IP パケット化をして伝送

することが適当である。 

 TS パケット及び TLV パケットのレイヤモデルを図 4.4-1 及び図 4.4-2

に示す。 
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図 4.4-1 MPEG-2 TS 方式のレイヤモデル 

 

 

 
 

図 4.4-2 MMT･TLV 方式のレイヤモデル 

 

4.4.2.1 タイムスタンプ付 TS 

 IP パケット化に際し、IP 伝送においては、再放送のための同期等を行う

ため、タイムスタンプを付与した TS パケット(又は分割 TLV パケット)を利

用することがあることから、タイムスタンプ付 TS パケット(以下、「TTS パ

ケット」という）を定義する。 

 

 TTS パケットは以下のデータ構造を有する。なお、分割 TLV パケットにタ

イムスタンプを付した場合も同様の構造とする。 

データ構造 Bit Identifier 

TimeStampedTS() { 

 Do { 

  Timestamp 

  transport_packet() 

 } 

} 

32 uimsbf 
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4.4.2.2 RTP(Real-time Transport Protocol) 

 IP パケット化に関して、トランスポート層のプロトコルとして RTP を利

用する場合、原則として、RFC 3550(RTP: A Transport protocol for Real-

Time Applications)に従う。ヘッダ構成及びヘッダフィールドは以下のとお

り。 

 

 

注： V: version(2bits) P: padding(1bit) X: extension(1bit) 

 CC: CSRC count(4bits) M: marker(1bit) PT: Payload Type(7bit) 

 

図 4.4-3 RTP のヘッダ構成及びヘッダフィールド 

 

4.4.2.3 UDP(User Datagram Protocol) 

 IP パケット化に関して、トランスポート層のプロトコルとして UDP を利

用する場合、原則として、RFC 768(User Datagram Protocol)に従う。ヘッ

ダ構成及びヘッダフィールドは以下のとおり。 

 

 
 

図 4.4-4 UDP のヘッダ構成及びヘッダフィールド 

 

4.4.2.4 IP パケット化された TTS パケット 

 RTP/UDP プロトコルを利用した場合の、TTS パケットの IP パケット化は、

IP パケットのサイズをルータ等が１回の転送で伝送可能な MTU(Maximum 

Transmission Unit)(1,500 バイトが標準)のサイズ以下にする観点から、TTS

パケットのサイズが 192 バイトであることを踏まえ、一つの IP パケットに

は、IP ヘッダ(20 バイト)、UDP ヘッダ(8 バイト)、RTP ヘッダ(12 バイト）

及び７個の TTS パケットを格納し、合計 1,384 バイトとすることが標準的で

ある。 
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図 4.4-5 IP パケット化された TTS パケット 

 

 

4.5 サービス可用性に関する技術的条件 

 サービス可用性(技術基準で規定された値を算出できる確率の設定等)に

ついての技術的条件は定めないこととする。 

 

(理由) 

 IP 伝送型ケーブルテレビの導入に際して、ケーブルテレビ事業者等に対

して、IP 伝送に係るサービス可用性に関して、技術基準の適合性に関する測

定を行わせ、その結果を報告させることの妥当性を検討した。 

 放送法第 139 条に基づき、総務大臣は、ケーブルテレビ事業者等に対し、

有線一般放送の業務に用いられる電気通信設備の安全・信頼性の確保及び当

該電気通信設備を用いて行われる有線一般放送の品質適正性の確保を目的

として設けられた規定の施行に必要な限度において、報告を求めることがで

きるともに、その職員に、当該電気通信設備を設置する場所に立ち入り、当

該電気通信設備を検査させることができる。 

 ケーブルテレビ事業者等は、本条及び放送法施行規則第 159 条に基づき、

毎年、登録に係る有線一般放送の業務に用いられる電気通信設備の状況等を

総務大臣に報告している。また、重大事故が発生した場合にも放送法第 137

条に基づく報告等が義務付けられている。 

 既存の制度の下で、技術基準への適合性に関する報告義務や総務省の職員

による立入検査の権限があることも踏まえれば、IP 伝送型ケーブルテレビ

を導入したケーブルテレビ事業者等のみに対して、現状の年次報告に加え、

追加的に義務を課すことは、有線一般放送の安全・信頼性及び品質適正性の

確保等の観点からは、これまでの有線一般放送の業務の実施状況を踏まえれ

ば、必ずしも必要とは考えられない。 

 したがって、サービス可用性(技術基準で規定された値を算出できる確率

の設定等)についての技術的条件は定めないこととすることが適当である。 

 しかしながら、通信のトラヒックの変動の影響が受信者による放送の受信

に影響を与えない水準を維持するため、ケーブルテレビ事業者等において、

適切なネットワークの運用を行う観点から、必要な範囲で技術的条件等を測

定することも考えられる。 

 なお、災害時や特定の利用者等を原因とする通信トラヒックの急激かつ予
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測不可能な変動が生じることがある。特に災害時については、国民生活への

影響が大きいため、災害時においても必要最低限の災害情報等を受信者に提

供できるようにする観点から、可能な場合には、あらかじめ放送事業者等と

協議した上で、衛星基幹放送の降雨減衰対策等を参考に、低画質映像を放送

することにより、伝送するトラヒックを制限するような運用を検討しておく

ことも考えられる。 

 

4.6 測定方法に関する基本的な考え方 

 

(1)IP 放送送出装置等において、測定の対象となるパケットにシーケンス番

号及び時刻を付与し、受信者端子において、当該シーケンス番号又は時刻

を取得し、損失率、遅延、ジッタを測定する。 

(2)測定値の算出については、ITU-T 勧告 Y.1540(Internet Protocol data 

communication service - IP packet transfer and availability 

performance parameters)（参考資料６）等の国際標準を踏まえた算出方

法とする。 

(3)ネットワークを敷設等する際における有線一般放送に用いる電気通信設

備の技術基準への適合性の確認に際しては、実用サービスと同等程度の試

験環境を構築して計測を行う。 

(4)個々の受信者端子の技術基準への適合性の確認に際しては、原則として、

実用サービスが提供されている受信設備における受信者端子において測

定を行う。 

(5)具体的な測定方法については、IP 放送サービスの提供状況や市場におけ

る測定機器の状況などを踏まえて、民間標準化団体等において、引き続き、

通信のトラヒックの変動、放送の伝送容量等を考慮して測定時間、区間等

を含め測定方法の詳細化等の検討を行い、適切な方法を定める。 
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5.デジタル有線テレビジョン放送方式による有線テレビジョン放送等を行う有

線放送設備に係る技術的条件 

 デジタル有線テレビジョン放送方式による有線テレビジョン放送等を行う

有線放送設備に係る技術的条件のうち、搬送波の変調の型式が 64 値直交振幅

変調（以下、「64QAM 変調」という）及び 256 値直交振幅変調（以下、「256QAM

変調」という）の場合における搬送波等の条件に関する技術的条件を検討した。

なお、検討の結果、搬送波の変調の型式が 64QAM 変調の場合における搬送波等

の条件に関する技術的条件については、見直しの必要性がないとした。 

 

 

5.1 搬送波の変調の型式が 256QAM 変調の場合における搬送波等の条件 

 搬送波の変調の型式が 256QAM 変調の場合における搬送波等の条件のうち、

搬送波のレベル及び搬送波のレベルと雑音のレベルの比は、総務省情報通信審

議会の平成 19 年３月 28 日の一部答申（「ケーブルテレビシステムの技術的条

件」のうち「FTTH 等の伝送帯域の拡大に伴う BS-IF 等パススルー伝送並びに

情報源符号化方式及び伝送路符号化方式の高度化に関する技術的条件」（諮問

第 2024 号））に基づき、有線一般放送の品質に関する技術基準を定める省令

（平成 23 年総務省令第 95 号）（以下、「品質省令」という）の第 12 条におい

て表 5.1-1 のとおり規定されている。 

 

表 5.1-1 搬送波等の条件（256QAM 変調） 

区     別 条      件 

搬送波のレベル 57＋10log10（Z/75）以上 81＋10log10（Z/75）

以下 

※Z は、出力端子の定格出力インピーダン

ス(単位オーム) 

搬送波のレベルと雑音のレ

ベルの比 

34 デシベル以上 

 

 搬送波の変調の型式が 256QAM 変調の場合における搬送波等の条件のうち、

搬送波のレベルと雑音のレベルの比は、保安装置の出力端子又は受信用光伝送

装置の出力端子及び受信用光伝送装置の入力端子において、品質省令の第 12

条において、それぞれ表 5.1-2 及び表 5.1-3 のとおり規定されている。 
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表 5.1-2 保安装置又は受信用光伝送装置の出力端子における搬送波等の

条件（256QAM 変調） 

区     別 条      件 

搬送波のレベルと雑音のレ

ベルの比 

36 デシベル以上（保安装置又は受信用光伝

送装置の出力端子から受信者端子までの

搬送波のレベルと雑音のレベルの比が 39

デシベル以上である場合） 

 

表 5.1-3 受信用光伝送装置の入力端子における搬送波等の条件（256QAM

変調） 

区     別 条      件 

搬送波のレベルと雑音のレ

ベルの比 

37 デシベル以上（受信用光伝送装置の入力

端子から受信者端子までの搬送波のレベ

ルと雑音のレベルの比が 39 デシベル以上

である場合） 

 

 
5.1.1 搬送波のレベルと雑音のレベルとの比の技術的条件 

 搬送波のレベルと雑音のレベルとの比（CN 比）は、32dB 以上とする。 

 

（理由） 

搬送波の変調の型式が 256QAM 変調の場合における必要な CN 比を求めるた

め、現在市場で入手可能な STB を用いて、256QAM 信号にガウスノイズを重畳

して CN 比を変化させたときに対するビット誤り率（BER: Bit Error Rate）を

測定した(詳細は、「デジタル有線テレビジョン放送用受信装置における

256QAM 方式信号の CN 比試験報告書」(参考資料２)を参照)。 

このときの、測定条件は以下のとおり。 

・搬送波周波数（U14：479MHz、U61：761MHz） 

・搬送波レベル（55dBμB、66dBμB） 

なお、試験系統図は図 5.2-1 のとおり。 

 

図 5.1-4 256QAM 信号の CN 比と BER 測定の試験系統図 
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複数の STB について測定を行い、図 5.1-5 から図 5.1-8 のような結果が得

られた。 

 

 

図 5.1-5  CN 比対 BER 特性（U14、66dBμV） 

 

 

 

図 5.1-6  CN 比対 BER 特性（U61、66dBμV） 
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図 5.1-7  CN 比対 BER 特性（U14、55dBμV） 

 

 

 

図 5.1-8 CN 比対 BER 特性（U61、55dBμV） 

 

品質省令の入力信号の条件である誤り訂正前のBERが1×10－4となるのに必

要な CN 比の条件は、表 5.1-4 のとおりとなる。したがって、必要な CN 比は、

測定結果のうち、最悪値である 31.8dB 以上とする。 



 

54 
 

 

表 5.1-4  BER が 1×10
－4

となる CN 比（dB） 

 66dBμV 
(U14／U61) 

55dBμV 
(U14／U61) 

STB1 30.8 / 30.8   31.0 / 31.1 

STB2 30.8 / 30.8 31.0 / 31.1   

STB3 31.5 / 31.6 31.8 / 31.8   

STB4 31.0 / 31.0 31.3 / 31.3 

STB5 30.7 / 30.7 30.7 / 30.8 

STB6 30.7 / 30.7 30.7 / 30.8 

 

ただし、STB には製品による個体差があるため、これを考慮する必要がある。

標準的な性能を有する STB と正常の範囲内ではあるが最も性能が低い STB と

の性能の差である 0.54dB を考慮すると、必要な CN 比は、32.34dB となる。 

したがって、32.34dB を切り上げて 33dB とすることが適当である。 

なお、今回の試験測定に使用した全ての STB は、内部構成として入力信号の

分配回路等を有する STB（図 5.1-9）であるが、現在、品質省令の規定は、STB

の内部構成が最も基本的なもの（以下「基本 STB」という）（図 5.1-10）に基

づき、技術基準が定められている。したがって、必要な CN 比については、内

部構成の違いを考慮して修正する必要がある。 

 

図 5.1-9 入力信号の分配回路を有した STB の内部構成図 

 

 

図 5.1-10 基本 STB の内部構成図 

 

基本 STB に必要な CN 比は、入力信号の分配回路を有する場合に比べ 0.19dB

良くなるため、入力信号の分配回路を有する STB の CN 比である 31.8dB は、

31.61dB に相当する。また、基本 STB の性能の個体差は入力信号の分配回路を

有する STB の性能の個体差である 0.54dB に比べ、0.16dB と小さくなってお

り、基本 STB の性能の個体差を考慮した場合に必要な CN 比は 31.77dB となる
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(詳細は、「規格書 STD-007-6.2 256QAM CN 比検討」(参考資料３)を参照)。 

したがって、搬送波の変調の型式が 256QAM 変調の場合における必要な CN 比

の条件は、31.77dB を切り上げて 32dB とすることが適当である。 

 

5.1.2 搬送波のレベルの技術的条件 

 搬送波のレベルは、出力端子の定格出力インピーダンスが 75 オームの場合

において、55dBμV 以上 81dBμV 以下とする。 
 

(理由) 

 搬送波のレベルの下限について、雑音レベルについては、従来どおり、標準

テレビジョン放送の下限値60dBμV、標準テレビジョン放送の所要CN比（38dB）

及び帯域幅による雑音のレベル換算 1dB より、23dBμV となる。今般の 256QAM

変調における CN 比の見直しにより、必要な CN 比が 32dB となったことから、

下限レベルは 55dBμV となる。したがって、搬送波のレベルは、55dBμV 以上

81dBμV 以下とすることが適当である。 

 

 

 

図 5.1-11 搬送波のレベル（256QAM） 

 

5.1.3 受信用光伝送装置等の入出力端子における搬送波のレベルと雑音のレ

ベルの比 

 

5.1.3.1 保安装置又は受信用光伝送装置の出力端子における搬送波のレベル

と雑音のレベルとの比の技術的条件 

 保安装置又は受信用光伝送装置の出力端子から受信者端子までの搬送波

のレベルと雑音のレベルとの比（CN 比）が 39dB 以上の場合にあっては、当
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該出力端子における CN 比は 33dB 以上とする。 

 

(理由) 

 搬送波の変調の型式が 256QAM 変調の場合における保安装置又は受信用光

伝送装置の出力端子で必要な CN 比は、現在の棟内伝送路の CN 比の基準であ

る 39dB 及び今般見直す受信者端子で必要な CN 比 32dB より逆算すると

32.97dB となる。したがって、当該出力端子において搬送波の変調の型式が

256QAM 変調の場合における必要な CN 比は切り上げて 33dB とすることが適

当である。 

 

図 5.1-12 保安装置又は受信用光伝送装置の出力端子の CN 比 

 

5.1.3.2 受信用光伝送装置の入力端子における搬送波のレベルと雑音のレベ

ルとの比の技術的条件 

 受信用光伝送装置の出力端子から受信者端子までの搬送波のレベルと雑

音のレベルとの比（CN 比）が 39dB 以上の場合にあっては、受信用光伝送装

置の入力端子における CN 比は 34dB 以上とする。 

 

(理由) 

 5.1.3.1 より、搬送波の変調の型式が 256QAM 変調の場合における保安装

置又は受信用光伝送装置の出力端子で必要な CN 比は 32.97dB、これを CN 比

38dB の FTTH 伝送路で HE へさかのぼると 34.6dB となる。34.6dB に信号偏差

2dB を加えた 40dB の FTTH 伝送路で受信用光伝送装置へ下ると 33.5dB とな

る。したがって、受信用光伝送装置の入力端子で必要な推定 CN 比は切り上

げて 34dB とすることが適当である。 
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図 5.1-13 受信用光伝送装置の入力端子の CN 比 

 

注：推定 CN 比は以下の式 5.1 から求める。 

ܥ ܰ⁄ ൌ 10 logଵ 
1
ேܤ

∙

1
2 ∙ ሺ݉ ∙ ܴ ∙ ௦ܲሻଶ

∑ ሼܴܫ ܰ ∙ ሺܴ ∙ ܲሻଶ  2 ∙ ݁ ∙ ܴ ∙ ܲሽ  2 ∙ ݁ ∙ ௗܫ  ܫ
ଶே

ୀଵ

  ሾdBሿ 

ここで 

ே : 雑音帯域幅（デジタル有線テレビジョン放送信号ܤ 256QAM 方式：

5.30ൈ106	ሾHzሿ） 

݉ : 当該搬送波の光変調度 

ܴ  : 受光素子の光から電気への変換効率 ሾA/Wሿ	

்ܰ : 同時に伝送している光信号の波数 

ௌܲ : 当該搬送波で変調している光信号の受光電力	 ሾWሿ 

ܲ : n 番目の光信号の受光電力 ሾWሿ 

ܫܴ ܰ : n 番目の入力光信号の相対強度雑音（RIN：Relative	Intensity	Noise） 

ሾ1/Hzሿ 

݁ : 電気素量（1.602ൈ10‐19	ሾCሿ） 

 ௗ : 受光素子の暗電流 ሾAሿܫ

	: 受光部の入力換算雑音ܫ ሾA √Hz⁄ 	 ሿ  

 

また、1 つの光信号に対する全光変調度 M、k番目搬送波の光変調度݉、

および伝送搬送波数 Kは式 5.2 の関係にある。 

ܯ ൌ ඩ݉
ଶ



ୀଵ

 

式 5.1 において、1 波長のみを使用する場合は ௌܲ ൌ ଵܲ及び்ܰ＝1	として

算出する。 

 

 

5.2 搬送波の変調の型式が 64QAM 変調の場合における搬送波等の条件 

 
搬送波の変調の型式が 64QAM 変調の場合における搬送波等の条件のうち、搬

送波のレベルと雑音のレベルの比は、品質省令の第 12 条において表 5.2-1 の

とおり規定されている。 

 
 
 
 

（式 5.1） 

（式 5.2） 
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表 5.2-1 搬送波等の条件（64QAM 変調） 

区     別 条      件 

搬送波のレベルと雑音のレ

ベルの比 

26 デシベル以上 

 

5.2.1 搬送波のレベルと雑音のレベルとの比の技術的条件 

 搬送波のレベルと雑音のレベルとの比（CN 比）は、現行の 26dB 以上の規定

を維持することとする。 

 

（理由） 

 搬送波の変調の型式が64QAM変調の場合における必要なCN比を求めるため、

5.1 で行った測定と同様の測定を 64QAM 変調された信号について行うと、入力

信号の分配回路を有する STB の CN 比は 25.27dB となり、STB の性能の個体差

の 0.54dB を考慮すると、必要な CN 比は、25.81dB となる。 

したがって、25.81dB を切り上げて 26dB となる。 

 

 次に、64QAM 変調における基本 STB に必要な CN 比は、入力信号の分配回路

を有する場合に比べ 0.19dB 良くなるため、入力信号の分配回路を有する STB

の CN 比である 25.27dB は、25.08dB に相当する。また、基本 STB の性能の個

体差は 0.16dB となるため、基本 STB の性能の個体差を考慮した場合に必要な

CN 比は 25.24dB となる。 

 したがって、搬送波の変調の型式が 64QAM 変調の場合における必要な CN 比

の条件は、25.24dB を切り上げて 26dB となるから、現行の規定を維持するこ

とが適当である。 
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6.今後の検討課題 

6.1 IP 放送に関する課題 

(1)受信者端子における測定方法の検討 

 IP 伝送型ケーブルテレビのサービス提供に当たって必要な、受信者端子

における技術基準への適合性を確認するための方法等については、IP 放送

サービスの提供状況や市場における測定機器の状況などを踏まえて、民間標

準化団体等において、引き続き、通信のトラヒックの変動、放送の伝送容量

等を考慮して測定時間、区間等を含め測定方法の詳細化等の検討を行い、必

要に応じ技術基準に反映するため、今後の検討課題とすることが適当である。 

(2)受信者端子以外の性能規定点における技術的条件 

 受信者端子以外の性能規定点において、民間標準化団体等において実証試

験等を継続し、戸建て、集合住宅等を含む受信者宅内等における IP ネット

ワークの状況を踏まえ、パケットに係る技術的条件と FTTH における受信用

光伝送装置の入力端子の受光レベルや出力端子の CN 比、HFC における保安

装置の出力端子の CN 比等の相関性等の検討を行い、必要に応じ技術基準に

反映するため、今後の検討課題とすることが適当である。 

(3)必要な帯域の算出や伝送帯域の評価等にあたっての統計的な考え方の検討 

 必要な帯域の算出や伝送帯域の評価方法等の検討にあたって、可変ビット

レートの符号化を用いた複数番組の統計多重による提供や放送と通信のト

ラヒックのネットワーク利用率を用いることなど、必要な帯域や利用できる

伝送帯域が動的に変化することを踏まえ、統計的な考え方を考慮することに

ついては、現状においては、IP ネットワークの状況や統計的な考え方を具体

化した帯域の算出方法等が十分に整理されていないことから、今後の検討課

題とすることが適当である。 

(4)IP 技術の進展に応じた技術的条件等の見直し 

 IP 技術の技術革新の進展が急速であることを踏まえ、受信者のニーズや

ケーブルテレビ事業者等の設備の更新等の時期をとらえ、既存又は新規の技

術を検討し、IP 放送として実現性の高い伝送方式やより効率的な IP ネット

ワーク利用技術の導入に向け、IPマルチキャスト方式以外の IP伝送を含め、

導入の必要な技術や方式を検討し、適時に技術的条件の見直しを行うことが

適当である。 

 

6.2 国際標準化、技術開発に関する課題 

(1)IP 放送に関する国際標準化に向けた取組 

 IP 放送については、既に多くの成果が ITU 等の国際標準に盛り込まれて

いるが、本報告の検討結果を踏まえ、特に IP 放送に係る設備のグローバル

な調達や展開が可能となるよう、引き続き、必要な検討を加えたうえで、ITU

等に働きかけ、勧告の改訂等を行っていくことが必要である。 

(2)地域 BWA、23GHz 帯無線伝送システム等の無線システムを利用した IP 放送
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に係る検討 

 ケーブルテレビのサービスは、近年、有線のみならず、無線システムも活

用して行われるようになってきている。したがって、ケーブルテレビのネッ

トワークの一部として利用される無線システムについては、既存の RF 方式

による放送に加え、IP 方式による放送にも柔軟に対応できるよう技術基準

の見直しが必要なことから、継続的に技術的な検討を行い、適時に技術的条

件の見直しを行っていくことが必要である。 

 

 

6.3 有線一般放送の技術的条件全般に関する課題 

 サービス可用性に関する技術的条件については、既存の制度の下で、ケー

ブルテレビ事業者等に対し、安全・信頼性の確保、有線一般放送の品質適正

性の確保等を目的とした技術基準への適合性等に関する報告義務や総務省

の職員による立入検査の権限があることを踏まえ、これまでの有線一般放送

の業務の実施状況も踏まえれば、必ずしも必要とは考えられないと結論付け

た。 

 しかしながら、ネットワークの高度化、広帯域化に伴い、ケーブルテレビ

のサービスは多様化が進んでおり、IP 放送のような放送と通信のネットワ

ークの共用化のみならず、有線と無線の様々なシステム間においても、相互

の関係が複雑化している状況を鑑み、毎年の報告内容の見直しや技術的条件

の見直し等、必要な技術的、制度的措置を講じていくことが必要である。 
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 4-1 ITU-T J.241 C.3.1 Parameters  

Parameter Equipment Motivation Monitoring method 
Packet loss ratio CPE(STB) Image quality, 
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In service or through test 
streams with RTP/RTCP or 
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packet header. 
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IP IP

HE
IP  
 
5.2 IP 1 10-7 GE-

PON  8-1  8-2 30.2(dBm) IEEE 
802.3ah D-ONU 30.2(dBm)

PON IP
 

PON 10-

12  
GE-PON FEC

FEC FEC

1.0E-07

1.0E-06

1.0E-05

1.0E-04

1.0E-03

1.0E-02

1.0E-01

1.0E+00

-33.00 -32.50 -32.00 -31.50 -31.00 -30.50 -30.00

IP  



 
 IP  
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IP FEC
 
FTTH IP

PON
 

 
 

8.2 FTTH IP

8.2.1

UDP/RTP
1 10-3 1 10-6 

TS MPEG-2 TS
IP-STB

 
 

1 10-7

10-6 HFC
CN 10-7

HFC IP 10-7  
 

No. 
 

  

1 80Mbps 1×10-3 50msec 200msec Continuity_Count 
 

 

 

 
 

2 1×10-4 1.2 1.5 Continuity_Count  
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3 
 

1×10-5 7 23 Continuity_Count  
 

 

 
 

4  1×10-6 2 3 Continuity_Count  
 

 

 
 
Continuity_Count TS

TS



 
 IP  
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I B P
 

 
7.4.1 RTP

12Mbps 30Mbps 60Mbps 80Mbps 4
7.4.3 80Mbps

IPv4 IPv6 IP
Continuity_Count  

 
8.2.2

UDP/RTP

 
 

80Mbps 500msec
500msec 100msec TS

MPEG-2 TS TS
 8-3 TS IP

TS
 

  
100msc PCR  

PCR   
PMT  
PIT  

150msec 100msec  
200msec 100msec  
300msec 100msec  
500msec 100msec  

 8-3 IP  
 

IP-STB TS
IP-STB
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IP-STB IP
MPEG-2 TS

IP-STB
IP-STB

 
 

8.3 HFC

8.3.1 QoS

UDP UDP/RTP 80Mbps
TCP 300Mbps

CM IP 280Mbps
TCP 100Mbps

7.3.2 CMTS TCP
UDP/RTP  

 
8.3.2

8.1.2 BER IP  
 

8.3.3 CN

DOCSIS 3.0
DOCSIS 3.0

6MHz  8-4  
 



 
 IP  
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 8-4 DOCSIS 3.0 256QAM  

CM-SP-PHYv3.0-C01-171207 6.3.3.2  
 

CN BER 10-8

ITU-T 
 J.83 Annex B RF ITU-T  J.83 

Annex C CN BER
BER  

DOCSIS 3.0 256QAM 1
6MHz 40Mbps

CN
IP  

8 320Mbps
CN IP

 
 8-4  8-5  8-5  8-6

UDP 80Mbps 12Mbps
450MHz 498MHz 8 CM

6(dBmV)  
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 8-4 80Mbps CN IP  

CN (dB) IP  
28.70 <1.00E-07 
28.60 2.03E-07 
28.50 9.29E-07 
28.40 1.16E-06 
28.30 5.46E-06 
28.20 2.16E-06 
28.10 2.34E-06 
28.00 1.02E-04 
27.90 2.17E-04 
27.50 1.29E-03 
27.00 6.96E-02 

 

 

 
 8-5 80Mbps CN IP  

 
 8-5 12Mbps CN IP  

CN (dB) IP  
28.60 <1.00E-07 
28.30 3.62E-06 
28.00 6.25E-06 
27.80 6.08E-06 
27.70 4.35E-05 

1.00E-07

1.00E-06

1.00E-05

1.00E-04

1.00E-03

1.00E-02

1.00E-01

1.00E+00

26.50 27.00 27.50 28.00 28.50 29.00 29.50

IP  

CN db  



 
 IP  
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27.60 3.52E-04 
27.30 5.44E-03 
27.00 4.47E-02 

 

 
 

 8-6 12Mbps CN IP  
 

CN IP |R|  
80Mbps  |R| 0.741 
12Mbps  |R| 0.744 

IP CN
 

IP IP
IP IP IP

IP IP
IP IP

HE
IP  
FTTH 5.2 IP 1×10-7

DOCSIS 3.0  8-5  8-6 28.8(dB)
DOCSIS 3.0 BER 10-8 5.2

 PER = 1 (1 1 × 10 )( × × ) 1 × 10  
 

CN 27.8(dB) DOCSIS3.0
CN 1(dB) IP

1.0E-07

1.0E-06

1.0E-05

1.0E-04

1.0E-03

1.0E-02

1.0E-01

1.0E+00

26.50 27.00 27.50 28.00 28.50 29.00 29.50

IP  

CN db  
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IP DOCSIS DOCSIS 

3.1 DOCSIS 3.1 DOCSIS 3.0 ITU-
T  J.83 Annex B OFDM

192MHz OFDM FEC
LDPC + BCH CN BER

CN BER
CN

IP  
CMTS IP

256QAM 6(dBmV) CN 1(dB)

CN
DOCSIS

CN
 

 
8.4 HFC IP

8.4.1

UDP/RTP
1 10-3 1 10-6 

TS MPEG-2 TS
1 10-7 HFC CN

 
 

FTTH HFC MPEG-2 TS
1 10-7

 
  



 
 IP  
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No. 

 
  

1 80Mbps 1×10-7 10 30 Continuity_Count  
 

 
 

 
 

8.4.2

UDP/RTP

8.2.2
FTTH  

 
8.5

7.3.1 7.3.2 FTTH HFC
(QoS) IP

IP
 

HFC (DOCSIS) IP QAM
QoS IP

FTTH DOCSIS IP
IP

 
HFC 7.3.2 DOCSIS3.0/3.1

QoS CMTS CM

FTTH
 

QoS
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CH
 

 
8.6

8.6.1  

 

 

 
 8-7  

 

80Mbps FTTH/HFC
IP-STB IP-STB



 
 IP  
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1.6

IP-STB
 

500msec IP-STB
2.1 IP-STB

IP-STB  
 
8.6.2  

 8-9
PC

RTP
RFC 3550  

 

 8-8  
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 8-9  

 
RTP

RTP
 
PC

PC
 

 

Dmax  

 FTTH HFC 
  Dmax  Dmax 

 0.03msec 0.28 0.42msec 4.82

FTTH/HFC 1msec
 

 
100 500msec

 
  



 
 IP  
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 FTTH HFC 
  Dmax  Dmax 

100msec 0.59msec 4.22 0.53msec 4.88 
150msec 0.50msec 4.80 2.30msec( ) 24.31 
200msec 1.92msec 6.30 0.74msec 6.33 
300msec 0.86msec 6.39 0.89msec 6,33 
500msec 3.63msec 10.38 1.37msec 10.40 

 
 

 
 8-10  

 

RFC 3550

 
FTTH HFC HFC

200Mbps

80Mbps 2.5 200Mbps

HFC
100Mbps 

-0.5

0

0.5

1

1.5

2

2.5

3

3.5

4

0 200 400 600

(m
s

(ms

FTTH
HFC

(FTTH)
(HFC)
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 8-11 HFC 500msec  

 

 
 

IP-STB

IP-STB
 

TS RTP
TS ASI(Asynchronous Serial Interface) TS

TS PCR(Program Clock Reference)
PMT(Prgoram Map Table) PCR PMT

 
IP-STB

 
 

RFC 3550 RTP RTP
RTP

 
IPTV

IP RTP
 

80Mbps 



 
 IP  
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RTP
 

90kHz
 

RTP

RTP
RTP RTP

 
RTP

 
 

CBR

VBR

 
 

8.7 STB

STB

 
 

8.7.1

STB
IP UDP/IP
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 8-12  

 

A1
B1  

 
 

 

 8-13  
 

A2
B2  

 
8.7.2 IP

8-14 IP  



 
 IP  
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 8-14 IP  

 
IP UDP/IP

IP I/F UDP/IP
UDP/IP UDP/IP

RTP TTS
TTS/TS TTS/TS TTS

TS
TS

TS TS TS

 

TTS/TS TS
 

 
8.7.3

 
 8-15 IP
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 8-15 IP  

 
IP

IP
 

A1

B1  

IP
A2

 

 

8-16
 

 



 
 IP  
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 8-16 IP  

 
IP

A1,A2  

B2

 

 8-15  8-16
IP

 

 
 

8.8

8.8.1

IP 1 × 10 1 × 10
IP 1 × 10
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8.8.2

SI
1bit

I
I

B

 
I

ARIB 0.5 1.0
I 2.0

I
 

1  IP 7 TS IP
GOP

4K UHD 59.94P 30Mbps
I 0.5 59.94fps 32 B

16Mbits
I I

40% 35% 15%
1%

160kbits 15TS 1bit TS 1
1 IP TS 7

1
1bit

1 IP  
HD 59.94i

1bit IP
1 IP



 
 IP  
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1bit 1 IP

 
 

8.9 FEC

Forward Error Correction; FEC
FEC

Pro-MPEG FEC COP3 FEC
FEC

 
 

8.9.1 Pro-MPEG FEC COP3

Pro-MPEG FEC COP3 L*D RTP 2 D
XOR FEC 1D FEC D

L FEC 2D FEC L*D
 × 100, 1 20, 4 20. 

IPTV 1D FEC L*D=10*10
1D FEC L*D=20*5 2D FEC L*D=10*10 2D FEC L*D=20*5

 

L 2 D
 

 
8.9.2 Pro-MPEG 1D FEC

1D FEC D 1 FEC
IP FEC IP

L*D=10*10 L*D=20*5 2 IP
FEC 100

 
1D FEC D 1

FEC 100
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 P (IPLR) = (1 IPLR)( ) + D(1 IPLR) IPLR 
 

(IPLR: IP packet Loss Ratio) 1 × 10 L*D=10*10P (1 × 10 ) = 1.0 4.5 × 10
2 FEC

 
 P (IPLR) = (1 IPLR) + D(1 IPLR) IPLR+ C (1 IPLR) (IPLR) D nD    

= 1 C (1 IPLR) (IPLR) nD 

 C D n
IPLR 1 × 10 L*D=10*10P (1 × 10 ) = 1.0 9.0 × 10 L*D=10*10 1D 

FEC IPLR = 1 × 10 9.0 × 10 1 × 10
FEC IP IPLR

 
IPLR FEC FEC D=5, 

10  8-17  

 

1.E-9
1.E-8
1.E-7
1.E-6
1.E-5
1.E-4
1.E-3
1.E-2
1.E-1

1.E-51.E-41.E-31.E-2

IP
RL

 A
fte

r F
EC

IPRL Before FEC

No FEC 1D D=5 1D D=10



 
 IP  
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 8-17 1D FEC IP  
 

8.9.3 Pro-MPEG 2D FEC

2D FEC L*D FEC
3 1D FEC n

1D FEC
1 FEC1 × 10 1 × 10 4

5 1D FEC1 × 10 D=5 10
FEC 1 × 101 × 10 FEC 2D FEC 1 × 10

 
2D-FEC L*D 3

4 L*D
D L

2 CC C 5
FEC

 
 P (IPLR, 4) = (1 IPLR) (IPLR)4 (1 IPLR) (IPLR)  

 
IPLR=0.001 P (1 × 10 , 4) = 1 7.1 × 10

L*D=10*10 2D FEC IPLR = 1 × 10 7.1 × 10 1 × 10
FEC IP IPLR

 
IPLR FEC FEC D=5, 

10  8-18 IPLR D=5
D=10  
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 8-18 2D FEC  

 
8.10

8.10.1

 7-1 Anritsu 
  MD1230B

 

 
FTTH HFC CN

 
2  

 
IP  7-2 IP TS Tektronix 

MPEG MPEG-2 TS
 

 
8.10.2

 

2

1.E-9
1.E-8
1.E-7
1.E-6
1.E-5
1.E-4
1.E-3
1.E-2
1.E-1

1.E-51.E-41.E-31.E-2
IP

RL
 A

fte
r F

EC
IPRL Before FEC

No FEC 2D D=5 2D D=10



 
 IP  
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IPTV
IP IP

RTP RTP

RTP
 

 
88.10.2.1  

HE
2

 
 

7.4.2 BER
IPLR=1 10-7 BER

1 10-11

 
 

8.10.2.2  

IGMP /MLD (JOIN)
 

RTP
STB
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PC
PC

tcpdump WireShark  8-19
WireShark RTP

 
 

 
 8-19 RTP  

 
 

80,142 RTP
0  

PC

 
TS RTP

TS
 

RTP
Linux

RTP
TS



 
 IP  
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88.10.2.3  

 

RTP RTCP(RTP Control Protocol)
RTCP

IPTV IP RTCP
 

 

GPS
ping

RTT(Round Trip Time) 1/2
 

 
ping  

ICMP RTP
 

 
ICMP

 
(RTT)
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88.10.2.4  

( )

 
 

RTP
RFC 3550 RTP

 
 

RTP

RTP
 

 
8.10.2.5  

8.6.2
RFC 3550 WireShark

Max Jitter
STB

EG ITU-T Y.1541 
(07/2016) IP IPDV IP packet delay 



 
 IP  
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variation  
 

 
 

IPTDupper IPTD 1-10-3  
IPTDmin IPTD 

 
ITU-T Y.1541 IP

IPTD IPTD  
 
IPDV = IPTDmax  

 
IPTDmax IPTD  
IPTDmin IPTD 

 
IP IPTD ITU-T  Y.1540 (07/2016) 6.2.4 

End-to-end 2-point IP packet delay variation IPDV : IP packet delay variation  
2 IP Vk = Xk – d1,2

 8-20 MP1 MP2 2
0 1 a1,1 a2,1

k  
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 8-20 ITU-T Y.1540(16) F09  
 

8.10.2.6  
8.10.2.2 WireShark Max 

Jitter RFC 3550
ITU-T  Y.1540

IPDV Vk WireShark RTP Skew
80Mbps 500msec Skew

ITU-T  Y.1541 IPDV  
 
IPDV = IPTDmax  IPTDmin 

PDVmax PDVmin 
= Skew_max  Skew_min 

   = 31.02  ( 306.66) 
   = 337.68 
 

337.68msec
IPDV 0

IPDV  
 

 
 8-21 WireShark Skew  

 



 
 IP  
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 8-22 WireShark Skew  
 

 
 

8.11

8.11.1

 
FTTH ONU OLT

ONU Ethernet L3
WAN LAN

L3

ONU

 
IP Set 

Top Box; STB LAN
IP STB

NEC PF Aterm BL900HW
USB LAN

IEEE802.11a/b/n IPv4
IGMP

PIM(Protocol 
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Independent Multicast) IGMP
LAN

STB
LAN  

End-to-End OLT

(Last Hop 
Router) IGMP  

IPv4
IPv4

IPv6

CPU

 
 

8.11.2 LAN

LAN LAN

LAN

LAN
 

 



 
 IP  
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 8-23 LAN  

 
LAN ONU/CM

802.11a/g/n(5.4GHz) IPv6
IP-

STB TS  
LAN 54Mbps 30Mbps 

2.5% 
FEC

FEC
10

FEC  
LAN

MAC MAC

30Mbps 
4

0.89msec  
 

LAN
IP  
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 IP  
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9

9.1 IP

9.1.1 IP

IP PPLR = 1 10-7

AL-FEC FEC
IP 103

10-4 Pro-MPEG FEC 
COP3 8.9
AL-FEC  

 
9.1.2 IP

MPEG-2 TS

 
 

9.1.3 IP

IP-STB MPEG-2 TS

100msec  
 

9.2 IP

9.2.1 IP

IP RTP RTP

8.10.2.2 7.4.2
 

 
9.2.2 IP

PING
2 1

RTP
8.10.2.3  
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9.2.3 IP

RTP
8.10.2.6

STB

PING
PING IPDV

IPTDmax IPTDmin  
 

9.2.4

8.1.3 8.3.3 ONU
CM CN IP IP

 
  



 
 IP  
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10

10.1.1 MMT TLV

MPEG-2 TS TS IP
MMT TLV MMT TLV IP

30 7
 

 
10.1.2

IP RTP
RTP

 
 

10.1.3

LAN 8.11
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Appendix

 
1
 
2

2.1

2.1.1

1 BER UDP BER
 

2 BER  
2.1.2

FTTH  
No.   
a-1  

GE-PON
(IP )

LLID
 

LLID ToS
 

 ToS=5 
 ToS=0 

LLID
 

(1)
100Mbps 

0Mbps 
(2)  

200Mbps 
1Gbps 

OLT ONU Aggregate 
Shaper 500Mbps*1

*1 Aggregate Shaper  



 
 IP  

 
 

67 
Japan Cable Laboratories 

 

5.3.1 No.1

5.3.3  

VLAN tag
 

a-2 PON
IGMP 

JOIN UDP

 

UDP
 

a-3 ONU
-25.5dBm

 

UDP
 

a-4 
5.3.2

UDP BER
 

0 

a-5 
PRBS(Pseudo Random
Binary Sequence)
UDP

 

 

a-6 ONU

 

 

a-7 
UDP BER
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a-8 
5.3.1 No.2 No.4

 

 

 
 
HFC  

No.   
b-1  

CMTS
DOCSIS

(CM)

DS8CHxUS2CH IGMP 
JOIN DS(Down 
Stream) CH

US(Up Stream) 4CH
UDP

CH
 

DS 256QAM
US:16QAM

 
CMTS

(IP )
 

12Mbps  
239.1.1.1~239.1.1.255 
30Mbps: 
239.2.1.1~239.2.1.255 
60Mbps: 
239.3.1.1.1~239.3.1.255 
80Mbps: 

CM CMTS

w-
online UDP

 



 
 IP  
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239.4.1.1~239.4.1.255 
. .

Max-Rate
Min-Rate

 
(1)

80Mbps Max-
Rate:100Mbps/Min-
Rate:1Mbps 

(2)
60Mbps Max-
Rate:72Mbps/Min-
Rate:1Mbps 

(3)
30Mbps Max-
Rate:36Mbps/Min-
Rate:1Mbps 

(4)
12Mbps Max-
Rate:14.4Mbps/Min-
Rate:1Mbps 
 

CM
DS/US

DS
Mbps US

Mbps CM
CMTS w-online

 

5.3.1
No.1
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5.3.3
 

CMTS
10GE  

b-2 CMTS/CM
IGMP JOIN

UDP

 

UDP
 

b-3 CM DS(Down Stream)
-

15dBm CMTS

 

UDP
 

b-4 
5.3.2

UDP BER
 

0 

b-5 
PRBS(Pseudo Random
Binary Sequence)
UDP

 

 

b-6 CMTS
CM

 

 

b-7 
UDP BER

 

 

b-8  



 
 IP  
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5.3.1 No.2 No.4

 
b-9 

CM CN
DOCSIS

DS(Down Stream) C/N
dB  

UDP
 

b-10 
5.3.2

UDP BER
 

0 

b-11 
CM C/N

CN  

 

b-12 
UDP BER

 

 

b-13 
5.3.1 No.2 No.4
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2.2 IP

2.2.1

1 IP  
2 QoS  

2.2.2

FTTH IP  
No.   
c1-1  

PON
TS

IGMP/MLD JOIN
RTP/UDP

 

TS RTP/UDP
 

c1-2  
TS

IP-STB
IGMP/MLD JOIN
RTP

 

IP-STB TS
 

c2-1  

TS

 

TS
 

 

c2-2  

TS

IP-STB

 



 
 IP  
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c2-3 FEC  

FEC

 

FEC

 

c2-4 PON  
OLT-ONU

 

 

c2-5  
RTP

TS

 

( )
 

c3-1  

IP-STB
 

 

c3-2  

TS

 
IP-STB

 

IP
 

c3-3  

TS
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c3-4  

IP-
STB

 

IP-STB
 

IP-STB
 

c3-5  

IP-
STB

 

IP-STB
 

IP-
STB  

c3-6  
IP-STB

 

IP-STB
 

IP-STB
 

c4-1  
IPTV

 

 

c4-2 Wi-Fi  
Wi-Fi

TS

 
IP-STB

 

IP Wi-Fi

 

 
HFC IP  

No.   
d1-1  

CMTS DOCSIS
CM TS

TS RTP
UDP

 



 
 IP  
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IGMP/MLD JOIN
RTPUDP

 
d1 2  

TS
IP-STB

IGMP/MLD JOIN
RTP

 

IP-STB TS
 

d2 1  

TS

 

TS
 

 

d2 2  

TS

IP-STB

 

 

d2-3 FEC  
FEC

 

FEC

 

d2-4 DOCSIS 1  
b-6 CM 
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d2-5  
RTP

TS

 

( )
 

d2-6 DOCSIS 2  
b-11 CM

CN

 

 

d2-7  
RTP

TS

 

( )
 

d3-1  

IP-STB
 

 

d3-2  

TS

 
IP-STB

 

IP
 

d3-3  

TS

 



 
 IP  
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d3-4  

IP-STB

 

IP-STB
 

IP-STB
 

d3-5  

IP-
STB

 

IP-STB
 

IP-
STB  

d3-6  
IP-STB

 

IP-STB
 

IP-STB
 

d3-7  
IPTV

 

 

d3-8 Wi-Fi  
Wi-Fi

TS

 
IP-STB

 

IP Wi-Fi
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3
 

FTTH 80Mbps  

 
FTTH 12Mbps  

 
HFC 80Mbps  



 
 IP  
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HFC 12Mbps

 
IP 80Mbps 10-1 
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IP 80Mbps 10-2 

 
IP 80Mbps 10-3 

 



 
 IP  
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IP 80Mbps 10-4 

 
IP 80Mbps 10-5 
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IP 80Mbps 10-6 

 
 
 



 
 IP  
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IP 80Mbps 10-7 
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IP 100msec  

 



 
 IP  
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IP 150msec  
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IP 200msec  

 
 



 
 IP  
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IP 300msec  
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IP 500msec  

 



 

 
 



 
 

 
 



 

 
 

23 95
256QAM CN 64QAM

STB  
JLabs SPEC-018  i-HITS STB

256QAM STB
CN
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ITU-T Recommendation J.241 

Quality of service ranking and measurement methods for digital video services 
delivered over broadband IP networks 

 

 

 

Summary 
This Recommendation specifies performance requirements and objective measuring methods of QoS 
for the delivery of digital video services over broadband IP networks. The specified performance 
requirements are based on an IP QoS ranking at various levels, from "excellent" to "out-of-service". 
They rely on the objective end-to-end measurement of the values of a small number of parameters on 
the delivered IP streams, performed at the consumer premises equipment and relayed back to the 
head end. The recommended objective measurement methods and parameters are known to influence 
the Quality of Service delivered to the user. 

 

 

Source 
ITU-T Recommendation J.241 was approved on 6 April 2005 by ITU-T Study Group 9 (2005-2008) 
under the ITU-T Recommendation A.8 procedure. 
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FOREWORD 

The International Telecommunication Union (ITU) is the United Nations specialized agency in the field of 
telecommunications. The ITU Telecommunication Standardization Sector (ITU-T) is a permanent organ of 
ITU. ITU-T is responsible for studying technical, operating and tariff questions and issuing 
Recommendations on them with a view to standardizing telecommunications on a worldwide basis. 

The World Telecommunication Standardization Assembly (WTSA), which meets every four years, 
establishes the topics for study by the ITU-T study groups which, in turn, produce Recommendations on 
these topics. 

The approval of ITU-T Recommendations is covered by the procedure laid down in WTSA Resolution 1. 

In some areas of information technology which fall within ITU-T's purview, the necessary standards are 
prepared on a collaborative basis with ISO and IEC. 

 

 

 

NOTE 

In this Recommendation, the expression "Administration" is used for conciseness to indicate both a 
telecommunication administration and a recognized operating agency. 

Compliance with this Recommendation is voluntary. However, the Recommendation may contain certain 
mandatory provisions (to ensure e.g. interoperability or applicability) and compliance with the 
Recommendation is achieved when all of these mandatory provisions are met.  The words "shall" or some 
other obligatory language such as "must" and the negative equivalents are used to express requirements. The 
use of such words does not suggest that compliance with the Recommendation is required of any party. 
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outside of the Recommendation development process. 

As of the date of approval of this Recommendation, ITU had not received notice of intellectual property, 
protected by patents, which may be required to implement this Recommendation. However, implementors 
are cautioned that this may not represent the latest information and are therefore strongly urged to consult the 
TSB patent database. 
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ITU-T Recommendation J.241 

Quality of service ranking and measurement methods for digital video services 
delivered over broadband IP networks 

1 Scope 
This Recommendation specifies performance requirements and objective measuring methods of 
QoS, for the delivery of digital video services over broadband IP networks. The performance 
requirements are based on an objective measurement of the values of a small number of parameters 
performed on the delivered IP streams at the consumer premises equipment. These parameters are 
known to influence the Quality of Service delivered to the user and they allow defining the 
measurements needed to evaluate the service quality degradation introduced by an IP network. 

The definition of a complete system model of a digital television system over an IP network, 
including the definition of the appropriate FEC technique to be employed, is outside the scope of 
this Recommendation. It is well recognized that perceived video quality is highly affected by the 
performance of FEC. Therefore, this Recommendation does not guarantee that the classification that 
it provides is sufficient for assessing the perceived quality on a TV broadcasting over IP system, 
since IP end-to-end network performance it is measured before FEC is applied. 

2 References 
The following ITU-T Recommendations and other references contain provisions which, through 
reference in this text, constitute provisions of this Recommendation. At the time of publication, the 
editions indicated were valid. All Recommendations and other references are subject to revision; 
users of this Recommendation are therefore encouraged to investigate the possibility of applying the 
most recent edition of the Recommendations and other references listed below. A list of the 
currently valid ITU-T Recommendations is regularly published. The reference to a document within 
this Recommendation does not give it, as a stand-alone document, the status of a Recommendation. 

– ITU-T Recommendation G.1020 (2003), Performance parameter definitions for quality of 
speech and other voiceband applications utilizing IP networks. 

– ITU-T Recommendation Y.1540 (2002), Internet protocol data communication service – IP 
packet transfer and availability parameters. 

– ITU-T Recommendation Y.1541 (2002), Network performance objectives for IP-based 
services. 

3 Definitions 
This Recommendation defines the following term: 

3.1 broadband IP network: Access IP telecommunications network offered by ADSL, 
ADSL2+, VDSL, Optical Access Network, etc. 

4 Abbreviations 
This Recommendation uses the following abbreviations: 

BER Bit Error Ratio 

CPE Customer Premises Equipment 

FEC Forward Error Correction 

IP Internet Protocol 
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IPER IP packet Error Ratio 

IPLR IP packet Loss Ratio 

MPEG Moving Picture Experts Group 

PLR Packet Loss Ratio 

QoS Quality of Service 

RTCP Real Time Control Protocol 

RTP Real Time Protocol 

SLA Service Level Agreement 

STB Set Top Box 

TCP Transmission Control Protocol 

UDP User Datagram Protocol 

VoD Video on Demand 

5 Quality of Service ranking and measurement methods for digital video services 
delivered over broadband IP Networks 

5.1 Background 
Digital transport streams based on MPEG2 encoding have become the prevailing technology for 
augmenting the experience of digital television services, since it allows combining the distribution 
of high quality digital television services with the opportunity for end users to enjoy real-time 
interaction with multimedia service platforms. 

As broadband fixed communication networks start to be extensively deployed in several countries, 
clear opportunities emerge for extending this offer through transport based on IP protocols. 

The native shared-access and bidirectional capabilities of an IP network, in fact, offer an ideal 
environment for providing customers with full end-user interactivity and support for advanced 
services; this offers advantages over traditional video streaming services. IP-based broadband 
communication networks thus provide another high-performance, bidirectional transport 
environment to transparently convey MPEG2-compliant video content. 

5.2 Recommendation 
Methods for Quality of Service measurements for digital television services streamed in a 
broadband IP network should be tailored to the specific features of the transport services provided 
by an IP communication network.  

Annex A shows a conceptual block module of a system measurement model of a chain for IP 
transmission of television services.  

In this measurement model, the Quality of Service should be measured end-to-end, namely, from 
the program injection point in the network, all the way to the Customer Premises Equipment (CPE). 
This provides readings that closely approximate the quality of service as it is delivered to the end 
user, and take into account the influence of the IP network on the video stream. 

There are two kinds of Quality of Service measurement to be taken at the video receiver. These are 
described in Annexes B and C. 

Annex B describes the recommended end-to-end measurements to be performed on the video 
stream after its IP packetized structure is removed. 

Annex C describes the measurements to be performed on the video stream at its IP layer. 
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Annex A 
 

System measurement model 

In its simplest form, the television services distribution model, in an IP network, consists of three 
parts: 
• The Head-end: This includes all the devices and applications needed to produce the video 

signals that are sent into the network.  
• The Transport Network: This transports the video signal to the end user CPEs. 
• The CPE: This is an IP end point (usually an STB) that decodes the video signal and 

displays it on a television set normally connected to it.  

Explicit SLAs need to be established between the service provider and the telecommunications 
network operator for the transport of the video streams between the head-end and the transport 
network. 

Audio, video, data and interactive services can be delivered in the IP transport network if the 
head-end and the STBs provide the necessary compliance. All the services and standards are 
compatible with the TCP/IP stack; the IP network should guarantee the required performance level 
and it should provide some test point where it can be measured. 

This Recommendation assumes that the quality of the input video signal that is delivered to the IP 
network is under the responsibility and control of the head-end. 

The head-end should inject the video streams in the network according to transport rules appropriate 
to the IP Network. These rules should define: 
• Maximum packet rate per stream; 
• Maximum number of sustainable streams; 
• Maximum bandwidth per stream (or packet rate for a given packet size); 
• Transport protocol to be used; 
• Frame size (transport layer); 
• Packet size; 
• Allowed inter-packet gap profile; 
• Maximum burst size. 

On its side, the IP network should guarantee the agreed service level for the delivery of video 
streams to end-users. 

In an IP network, Video on Demand (VoD) services are usually associated with unicast content 
distribution methods while television services are distributed by using IP multicast based protocols. 

IP transport protocol used for unicast distribution maybe UDP or TCP while multicast distribution 
is transported on top of UDP. 

The determination of the service level should be based on end-to-end measurements, which should 
provide information on: 
• The quality offered to the user; 
• The influence of the IP network on the video signal. 
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Figure A.1 shows the system measurement model that summarizes this approach. 

 

Figure A.1/J.241 – System measurement model 

The following table describes the reference points A, B, C, and D shown in Figure A.1: 

 
Reference point Description 

A Video encoder 
B IP layer at head-end (Raw IP data). 
C IP layer at CPE (Raw IP data). 
D Video decoder  

Annex B 
 

End-to-end measurements 

An IP network allows each CPE (STB) to also behave as a measurement end-point. This offers the 
valuable opportunity to have a measurement probe at each installed video CPE. Measurements and 
monitoring taken at the CPE are the ones closest to the user's real experience of the service. 

Using a CPE as a measurement probe raises some point of attention since the CPE is not under the 
physical control of the network operator, and measurements may be affected by the user's 
equipment (cable not well plugged in vertical cabling issues, improper use of the home-network). 
The STB should have the capability to give additional information about the quality of the video 
signal that is being decoded. Receiver buffer fullness and frame rate are two important indicators of 
service availability and overall performance. CPEs measurements should be used to: 
• Measure the end-to-end IP network performance; 
• Measure the network performance at any hierarchical level or aggregation point through 

statistical analysis and data processing exploiting correlation among data; 
• Estimate the video quality offered to the end-user of the service; 
• Perform dedicated test sessions using test signals for qualification and troubleshooting. 
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As an example, some network operators currently perform end-to-end measurements at all the STBs 
available in their residential network, in order to evaluate end-to-end video service quality and 
network performance; STBs periodically send back frame rate and packet loss reports to provide a 
continuous quality feedback about the service in progress. 

B.1 Video receiver measurements 
The table below shows the parameters that should be measured at video receivers to estimate video 
quality, as described in the system measurement model. These measurements can be used for all the 
assessments outlined above. 

 

Parameter Value Equipment Purpose Monitoring method Measurement 
path (Note) 

Video frame 
rate 

As required 
by the video 
standards 

STB Image quality  In service through codec 
specific methods. 
Sampling 

From A to D 

Buffer 
underflows 

N/A STB Image quality, 
smooth play-out 

In service while playing 
video.  
Sampling 
Measure underflows 
events and percentage of 
service time spent by the 
STB in an "underflow" 
state 

D 

Buffer 
overflows 

N/A STB Image quality, 
smooth play-out 

In service while playing 
video.  
Sampling 
Measure underflows 
events and percentage of 
service time spent by the 
STB in an "overflow" 
state 

D 

Coding 
specific 
parameters 

N/A STB Image/Service 
quality 

In service while playing 
video.  
Sampling 

N/A 

NOTE – See Figure A.1 "System Measurement Model" in Annex A. 

Further studies should address video quality significant parameters which can be returned by the 
STB decoder, and that may help in better evaluating the video reproduction process that takes place 
at the decoder. 

B.2 Frame rate analysis 
Television standards use 30 or 25 frames per second.  

The output of the decoder will produce exactly this frame rate, except in the presence of video 
information loss. Measure of the frame rate at the output of the decoder gives a rough estimate of 
the continuity of the service. 
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Figure B.1 shows, as an example, possible information that can be retrieved through frame rate 
analysis: 

 

Figure B.1/J.241 – Possible information 
that can be retrieved through frame rate analysis 

Annex C 
 

IP layer 

C.1 IP – transport requirements 
IP networks are multi-hop, may be complex and different transmission technologies are usually 
employed along the network paths. The TCP/IP protocol stack sees all these as "below layer 3" 
layers. 

Measurements and quality parameters at the IP layer make it possible to define reference values for 
network requirements that are agnostic of the underlying transmission technologies and are suitable 
for use in end-to-end quality assessment. 

The noise introduced in an IP packet network is described by the following parameters: 
– Packet loss ratio: The ratio between the number of the packets lost in the network and the 

total number of transmitted packets1. 
– Latency: The time interval between initial transmission and final reception of a packet.  
– Jitter: The latency variation. 

The quality of the video streams will impose a minimum value for the downstream throughput 
requirements; upstream end-to-end throughput requirements depend on application interactivity 
requirements. 

____________________ 
1 According to the measurement scheme and the methodology proposed in this Recommendation, the total 

number of lost packets in the Packet Loss Ratio parameter is the sum of IP lost packets (IPLR) and IP 
errored packets (IPER) as defined in ITU-T Rec. Y.1541. A more complete definition of this parameter is 
given in ITU-T Rec. G.1020, where clause 7.7 defines "Overall Loss Ratio" for frames or packets. Being 
the measurement header on top of the transport layer, if, for an IP packet, the IP or UDP checksum fails, 
this packet will not be presented to the measurement (or RTP) layer. 
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C.2 Video streaming IP service class 
Video services, such as VoD or TV services, are classified also as streaming services. In a 
high-quality television environment, they have the following high-level requirements: 
– good audio/video quality; 
– high availability; 
– medium interactivity. 

These high-level requirements should be translated into values for transport requirements for an IP 
network. 

As specified in Annex A, it is up to the head-end to introduce good quality video content into the 
network according to the maximum end-to-end bandwidth and packet rate available for video 
services. Any packet loss will reduce the quality of the video. 

To preserve good quality of the image, a low value of packet loss is required.  

C.3 IP transport measurements 
The IP network layer should be unaware if the video signal, or any upper layer, is employing FEC 
or any error-correction techniques, and it should only guarantee the performance needed before any 
error-correction scheme is applied at any of the above layers. 

C.3.1 Parameters 
The table below lists IP network measurement parameters. All measurements should be taken from 
point B to point C in the system measurement model described in Annex A: 

 
Parameter Equipment Motivation Monitoring method 

Packet loss ratio 
(PLR) 

CPE (STB) Image quality, 
video information 
loss estimation 

In service or through test streams with 
RTP/RTCP or sequence numbers 
available on packet header. 
Periodic PLR summary. 
Reports with one-minute resolution. 
Measurement of PLR requires analysis 
of a number of packets at least 10 
times greater than the number related 
to the target PLR value. 
This determines the rate at which the 
PLR is reported. 

Network latency Test probe at user 
side, within CPE 
(STB) or as closest 
as possible to user 
access link.  

Smooth play-out Test stream 

Jitter CPE (STB) Smooth play-out In service or through test streams with 
RTP/RTCP or timestamps available on 
packet header.  

Downstream 
throughput 

CPE (STB) Service 
qualification, 
monitoring 

Test signal representative of worst case 
encoding scenario, throughput test 

Upstream 
throughput 

CPE (STB) Service 
qualification, 
monitoring 

Throughput test 
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C.3.2 Values 
Before giving reference values for transport requirements, it is important to note that in video 
services delivery architecture, a receiver buffer is employed at the CPE (STB) end to eliminate  
(to some extent) the jitter introduced by the network and to have a continuous video frame 
reproduction. 

Values that should be achieved in the network are outlined and motivated in the following 
subclauses. 

C.3.2.1 PLR value 
It is preferable to specify PLR value that is "codec independent" and dimensioned on a worst-case 
scenario. 

The PLR value needed to guarantee that an IP network seamlessly delivers video services is 10–5. 

The requirement for PLR < 10–5 is considerably more stringent than the IPLR objectives currently 
specified in ITU-T Rec. Y.1541. However, there are plans to support digital video transport with 
some new QoS Classes with the value of IPLR < 10–5. 

A PLR of 10–5 may appear a stringent requirement for the PLR. A rough estimation is done 
considering that potentially any video information loss will be noticed by the user. 

The actual result of a packet loss is not predictable since it depends on the type of frame that is 
corrupted or on the part of the frame that is missing at the decoder (foreground, background, spatial, 
temporal, etc.). The degree of signal recovery in the presence of a certain loss depends on the power 
of the codec itself. Finally, the kind of scene that is being reproduced (steady, moving, etc.) greatly 
influences the chance that the user perceives video signal degradation. 

To further reduce the BER offered to the video decoder, typical error-correction schemes can be 
applied on the video streams. 

C.3.2.2 Latency and jitter 
Latency and jitter values may vary according to specific multimedia service characteristics, such as 
interactivity, and according to the size of the de-jitter buffer and of the play-out delay employed at 
the CPE (STB) side.   

For example, for high quality video streaming services, latency in the order of hundreds of 
milliseconds and jitter in the order of tenths of milliseconds may be tolerated. 

It is recognized that the definition of objective values for jitter and latency needs further study, even 
taking into account the different application interactivity evolution, such as videoconferencing, 
which will impact the traditionally mainly unidirectional television service. 

C.4 IP end-to-end service availability 
The video service availability depends on the availability of all the elements that are controlled by 
the operator and that are significant for video service distribution, from the network device closest 
to the video source, to the access device closest to the user. 

A classification of IP service availability is found in ITU-T Rec. Y.1540, a video streaming services 
availability function can be defined using the same approach: If PLR > PLR_out, then the service 
may be considered unavailable. 

A value of 0.01 is proposed for PLR_out.  

This value refers to a system where no FEC is employed; further study defining the FEC scheme, 
may, in the future, result in defining a different value for PLR_out. This evolution will be reflected 
in this Recommendation. 
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C.5 IP network service classification 
In relation to video services, the performance of an IP network can be classified based on the value 
of PLR offered to the end user. The PLR must be measured between points B and C of the system 
measurement model described in Annex A. 

In relation to the delivery of video services, the inclusion of the effect of latency and jitter for IP 
network classification purposes, as well as the evaluation of the impact of the definition of a FEC 
system needs further study. 

Appendix I 
 

Example of an IP network service classification 

This appendix provides, for information, a description of the IP network service classification 
currently used by a major service provider for its own operation. 

The classification used for digital television services is shown below:  

 PLR ≤ 10–5     excellent service quality (ESQ) 

 PLR < 2 × 10–4 – 10–5  >  intermediate service quality (ISQ) 

 PLR < PLR_out – 2 × 10–4  >  poor service quality (PSQ) 

 PLR < PLR_out – 1 >  IP end-to-end service not available. 

The table below shows IP layer service classes that are related to the QoS service perceived by the 
end user. The picture quality also depends on encoding conditions (bit rate, picture size, intra 
refreshing method, etc.) and transmission parameters (packet size, FEC, etc.). 

The evaluation interval for end-to-end service availability is from 1 to 5 minutes. 

The network service classification is based on an evaluation interval of 30 minutes. 
The end-to-end performance of an IP network can then be calculated adding up the time intervals in 
which the measured PLR was within the thresholds above during the reported time slot. This is 
shown in the following example: 

 
Class % time ESQ % time ISQ % time PSQ Note 

A ≥ 99.8 between 0 and 0.2 between 0 and 0.1 To be computed in service 
B ≥ 99.8 between 0 and 0.1 between 0.1 and 0.2 To be computed in service 
C < 99.8 / / To be computed in service 

The end-to-end unavailable service time is not included in the above example. 





 

 



 

Printed in Switzerland 
Geneva, 2005 

SERIES OF ITU-T RECOMMENDATIONS 

Series A Organization of the work of ITU-T 

Series D General tariff principles 

Series E Overall network operation, telephone service, service operation and human factors 

Series F Non-telephone telecommunication services 

Series G Transmission systems and media, digital systems and networks 

Series H Audiovisual and multimedia systems 

Series I Integrated services digital network 

Series J Cable networks and transmission of television, sound programme and other multimedia 
signals 

Series K Protection against interference 

Series L Construction, installation and protection of cables and other elements of outside plant 

Series M Telecommunication management, including TMN and network maintenance 

Series N Maintenance: international sound programme and television transmission circuits 

Series O Specifications of measuring equipment 

Series P Telephone transmission quality, telephone installations, local line networks 

Series Q Switching and signalling 

Series R Telegraph transmission 

Series S Telegraph services terminal equipment 

Series T Terminals for telematic services 

Series U Telegraph switching 

Series V Data communication over the telephone network 

Series X Data networks, open system communications and security 

Series Y Global information infrastructure, Internet protocol aspects and next-generation networks 

Series Z Languages and general software aspects for telecommunication systems 

  

 



I n t e r n a t i o n a l  T e l e c o m m u n i c a t i o n  U n i o n

ITU-T Y.1540
TELECOMMUNICATION
STANDARDIZATION  SECTOR
OF  ITU

(07/2016)

SERIES Y: GLOBAL INFORMATION 
INFRASTRUCTURE, INTERNET PROTOCOL ASPECTS 
AND NEXT-GENERATION NETWORKS, INTERNET OF 
THINGS AND SMART CITIES
Internet protocol aspects – Quality of service and network 
performance

Internet protocol data communication service –
IP packet transfer and availability performance 
parameters

Recommendation  ITU-T  Y.1540



ITU-T  Y-SERIES  RECOMMENDATIONS 
GLOBAL INFORMATION INFRASTRUCTURE, INTERNET PROTOCOL ASPECTS AND  

NEXT-GENERATION NETWORKS 

  
GLOBAL INFORMATION INFRASTRUCTURE  

General Y.100–Y.199 
Services, applications and middleware Y.200–Y.299 
Network aspects Y.300–Y.399 
Interfaces and protocols Y.400–Y.499 
Numbering, addressing and naming Y.500–Y.599 
Operation, administration and maintenance Y.600–Y.699 
Security Y.700–Y.799 
Performances Y.800–Y.899 

INTERNET PROTOCOL ASPECTS  
General Y.1000–Y.1099 
Services and applications Y.1100–Y.1199 
Architecture, access, network capabilities and resource management Y.1200–Y.1299 
Transport Y.1300–Y.1399 
Interworking Y.1400–Y.1499 
Quality of service and network performance Y.1500–Y.1599 
Signalling Y.1600–Y.1699 
Operation, administration and maintenance Y.1700–Y.1799 
Charging Y.1800–Y.1899 
IPTV over NGN Y.1900–Y.1999 

NEXT GENERATION NETWORKS  
Frameworks and functional architecture models Y.2000–Y.2099 
Quality of Service and performance Y.2100–Y.2199 
Service aspects: Service capabilities and service architecture Y.2200–Y.2249 
Service aspects: Interoperability of services and networks in NGN Y.2250–Y.2299 
Numbering, naming and addressing Y.2300–Y.2399 
Network management Y.2400–Y.2499 
Network control architectures and protocols Y.2500–Y.2599 
Smart ubiquitous networks Y.2600–Y.2699 
Security Y.2700–Y.2799 
Generalized mobility Y.2800–Y.2899 
Carrier grade open environment Y.2900–Y.2999 
Future networks Y.3000–Y.3099 
  

For further details, please refer to the list of ITU-T Recommendations. 

 
 



 

  Rec. ITU-T Y.1540 (07/2016) i 

Recommendation ITU-T Y.1540 

Internet protocol data communication service –  
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Summary 
Recommendation ITU-T Y.1540 defines parameters that may be used in specifying and assessing the 
performance of speed, accuracy, dependability and availability of IP packet transfer of international 
Internet protocol (IP) data communication services. The defined parameters apply to end-to-end, point-
to-point IP service and to the network portions that provide, or contribute to the provision of, such 
service in accordance with the normative references specified in clause 2. Connectionless transport is 
a distinguishing aspect of the IP service that is considered in this Recommendation. 
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Recommendation ITU-T Y.1540 

Internet protocol data communication service – IP packet transfer  
and availability performance parameters 

1 Scope 
This Recommendation defines parameters that may be used in specifying and assessing the 
performance of speed, accuracy, dependability and availability of IP packet transfer of international 
Internet Protocol (IP) data communication services. The defined parameters apply to the end-to-end, 
point-to-point IP service and to the network portions that provide, or contribute to the provision of, 
such service in accordance with the normative references specified in clause 2. Connectionless 
transport is a distinguishing aspect of the IP service that is considered in this Recommendation. 

For the purpose of this Recommendation, end-to-end IP service refers to the transfer of user-generated 
IP datagrams (referred to in this Recommendation as IP packets) between two end hosts as specified 
by their complete IP addresses. This differs from the boundaries implied by the phrase "end-to-end" 
in some other Recommendations. For example, [ITU-T P.10] defines end-to-end quality as related to 
the performance of a communication system, including all terminal equipment. For voice services, 
end-to-end is equivalent to mouth-to-ear quality. 
NOTE 1 – This Recommendation defines parameters that can be used to characterize IP service provided using 
Internet Protocol version 4 (IPv4) and Internet Protocol version 6 (IPv6); applicability or extension of this 
Recommendation to other protocols (e.g., resource reservation protocol (RSVP)) is for further study. 
NOTE 2 – Recommendations for the performance of point-to-multipoint IP service are currently under 
development. 

The ITU-T Y.1540 performance parameters are intended to be used in planning and offering 
international IP service. The intended users of this Recommendation include IP service providers, 
equipment manufacturers and end users. This Recommendation may be used by service providers in 
the planning, development and assessment of IP service that meets user performance needs; by 
equipment manufacturers as performance information that will affect equipment design; and by end 
users in evaluating IP service performance. 

The scope of this Recommendation is summarized in Figure 1. The IP service performance 
parameters are defined on the basis of IP packet transfer reference events (IPREs) that may be 
observed at measurement points (MPs) associated with specified functional and jurisdictional 
boundaries. For comparability and completeness, IP service performance is considered in the context 
of the 3  3 performance matrix defined in [ITU-T I.350]. Three protocol-independent 
communication functions are identified in the matrix: access, user information transfer and 
disengagement. Each function is considered with respect to three general performance concerns 
(or "performance criteria"): speed, accuracy and dependability. An associated two-state model 
provides a basis for describing IP service availability. 
NOTE 3 – In this Recommendation, the user information transfer function illustrated in Figure 1 refers to the 
attempted transfer of any IP packet, regardless of its type or contents. 
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Figure 1 – Scope of this Recommendation 

The performance parameters defined in this Recommendation describe the speed, accuracy, 
dependability and availability of IP packet transfer as provided by the IP data communication service. 
Future ITU-T Recommendations may be developed to provide standard methods of measuring the 
ITU-T Y.1540 performance parameters in an international context. The end-to-end performance of 
international IP services providing access and disengagement functions (e.g., domain name service) 
and higher-layer transport capabilities (e.g., transmission control protocol) may be addressed in 
separate Recommendations. 

This Recommendation is structured as follows: Clause 1 specifies its scope. Clause 2 specifies its 
normative references. Clause 3 provides a list of abbreviations. Clause 4 illustrates the layered model 
that creates the context for IP performance specification. Clause 5 defines the model used for IP 
performance, including network sections and measurement points, reference events and outcomes. 
Clause 6 uses this model to define IP packet transfer performance parameters. Clause 7 then defines 
IP service availability parameters. Appendix I describes IP packet routing considerations and their 
effects on performance. Appendix II provides secondary terminology for IP packet delay variation. 
Appendix III describes some possible metrics for IP packet rate and reference material for assessing 
the throughput and throughput capacity of IP service. Appendix IV describes estimation of IP service 
availability. Appendix V presents considerations for measuring the ITU-T Y.1540 parameters. 
Appendix VI gives some background on IP service availability. Appendix VII offers background 
information on the stream repair parameters, and Appendix VIII adds information on capacity 
parameters (including a mapping to prior IETF metrics and items for further study). 
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NOTE 4 – The ITU-T Y.1540 parameters may be augmented or modified based upon further study of the 
requirements of the IP applications (e.g., interactive, block, stream) to be supported. 
NOTE 5 – The ITU-T Y.1540 speed, accuracy and dependability parameters are intended to characterize IP 
service in the available state. 
NOTE 6 – The parameters defined in this Recommendation can apply to a single end-to-end IP service 
between two end hosts identified by their IP addresses. The parameters can also be applied to those IP packets 
from a given end-to-end IP service that are offered to a given network or exchange link (EL). 
NOTE 7 – The ITU-T Y.1540 parameters are designed to characterize the performance of service provided by 
network elements between specified section boundaries. However, users of this Recommendation should be 
aware that network elements outside the specified boundaries can sometimes influence the measured 
performance of the elements between the boundaries. Examples are described in Appendix V. 
NOTE 8 – The parameters defined in this Recommendation can also be applied to any subset of the IP packets 
offered to a given set of network equipment. Methods for aggregating performance over a set of network 
equipment or over an entire network are outside of the scope of this Recommendation. 
NOTE 9 – This Recommendation does not provide the tools for explicit characterization of routing stability. 
However, the effects of route instability can be quantified using the loss, delay and severe loss block parameters 
defined in this Recommendation. 
NOTE 10 – Specification of numerical performance objectives for some of the ITU-T Y.1540 performance 
parameters may be found in [ITU-T Y.1541]. 
NOTE 11 – The word "provisional", as used in this Recommendation, means that there is agreement on the 
stability of the value referenced, but that the value may change following further study, or on the basis of real 
network operational experience. 

2 References 
The following ITU-T Recommendations and other references contain provisions which, through 
reference in this text, constitute provisions of this Recommendation. At the time of publication, the 
editions indicated were valid. All Recommendations and other references are subject to revision; 
users of this Recommendation are therefore encouraged to investigate the possibility of applying the 
most recent edition of the Recommendations and other references listed below. A list of the currently 
valid ITU-T Recommendations is regularly published. The reference to a document within this 
Recommendation does not give it, as a stand-alone document, the status of a Recommendation. 

[ITU-T I.350]  Recommendation ITU-T I.350 (1993), General aspects of quality of service 
and network performance in digital networks, including ISDNs. 

[ITU-T P.10]  Recommendation ITU-T P.10/G.100 (2006), Vocabulary for performance and 
quality of service. 

[ITU-T Y.1541]  Recommendation ITU-T Y.1541 (2006), Network performance objectives for 
IP-based services. 

[IETF RFC 791] IETF RFC 791 (1981), Internet Protocol. 
    <http://www.ietf.org/rfc/rfc791.txt> 

[IETF RFC 2460] IETF RFC 2460 (1998), Internet Protocol, Version 6 (IPv6) Specification. 
    <http://www.ietf.org/rfc/rfc2460.txt> 

[IETF RFC 4737] IETF RFC 4737 (2006), Packet Reordering Metrics. 
    <http://www.ietf.org/rfc/rfc4737.txt> 

[IETF RFC 5136] IETF RFC 5136 (2008), Defining Network Capacity. 
    <http://www.ietf.org/rfc/rfc5136.txt> 

[IETF RFC 5481] IETF RFC 5481 (2009), Packet Delay Variation Applicability Statement. 
    <http://www.ietf.org/rfc/rfc5481.txt> 
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3 Abbreviations and acronyms 
This Recommendation uses the following abbreviations and acronyms: 

ARQ  Automatic Repeat-request 

ATM  Asynchronous Transfer Mode 

BTC  Bulk Transfer Capacity 

DSCP  Differentiated Services Code Point 

DST  Destination host 

EL  Exchange Link 

ER  Edge Router 

FEC  Forward Error Correction 

FTP  File Transfer Protocol 

HTTP  Hypertext Transfer Protocol 

IP  Internet Protocol 

IPDR  Internet Protocol packet Duplicate Ratio 

IPDV  Internet Protocol packet Delay Variation 

IPER  Internet Protocol packet Error Ratio 

IPIBR  Internet Protocol packet Impaired Block Radio 

IPIIR  Internet Protocol packet Impaired Interval Radio 

IPLR  Internet Protocol packet Loss Ratio 

IPOR  Octet-based IP packet Rate 

IPPM  IP Performance Metrics 

IPPR  Internet Protocol Packet Rate 

IPRE  Internet Protocol packet transfer Reference Event 

IPRR  Internet Protocol packet Reordered Ratio 

IPSLB  Internet Protocol packet Severe Loss Block outcome 

IPSLBR Internet Protocol packet Severe Loss Block Ratio 

IPTD  Internet Protocol packet Transfer Delay 

IPv4  Internet Protocol version 4 

IPv6  Internet Protocol version 6 

ISP  Internet Service Provider 

LL  Lower Layers (protocols and technology supporting the Internet protocol layer) 

Mav  The minimum number of packets recommended for assessing the availability state 

MP  Measurement Point 

MTBISO Mean Time Between IP Service Outages 

MTTISR Mean Time To Internet protocol Service Restoral 

N  The number of packets in a throughput probe of size N 

NS  Network Section 
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NSE  Network Section Ensemble 

NSP  Network Service Provider 

PDH  Plesiochronous Digital Hierarchy 

PDV  Packet Delay Variation 

PIA  Percent Internet protocol service Availability 

PIU  Percent Internet protocol service Unavailability 

QoS  Quality of Service 

R  Router 

RIPR  Replicated Internet protocol Packet Ratio 

RSVP  Resource reservation Protocol 

RTCP  Real-Time Control Protocol 

RTO  Retransmission Time Out 

RTP  Real-time Transport Protocol 

RTT  Round-Trip-Time 

SDH  Synchronous Digital Hierarchy 

SPRT  Sequential Probability Ratio Test 

SRC  Source host 

STD  Standard 

Tav  Minimum length of time of Internet protocol availability; minimum length of time of 
Internet protocol unavailability 

TCP  Transmission Control Protocol 

Tmax  Maximum Internet protocol packet delay beyond which the packet is declared to be lost 

ToS  Type of Service 

Ts  Length of time defining the block in the severe loss block outcome 

TTL  Time To Live 

UDP  User Datagram Protocol 

4 Layered model of performance for IP service 
Figure 2 illustrates the layered nature of the performance of IP service. The performance provided to 
IP service users depends on the performance of other layers: 
– Lower layers (LL) that provide (via "links") connection-oriented or connectionless transport 

supporting the IP layer. Links are terminated at points where IP packets are forwarded 
(i.e., "routers", "SRC" and "DST") and thus have no end-to-end significance. Links may 
involve different types of technologies, for example, asynchronous transfer mode (ATM), 
frame relay, synchronous digital hierarchy (SDH), plesiochronous digital hierarchy (PDH), 
ISDN and leased lines. There may be several layers of protocols and services below the IP 
layer, and these, in the end, make use of various types of physical media. 

– The IP layer that provides connectionless transport of IP datagrams (i.e., IP packets). The IP 
layer has end-to-end significance for a given pair of source and destination IP addresses. 
Certain elements in the IP packet headers may be modified by networks, but the IP user data 
may not be modified at or below the IP layer. 
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– Higher layers, supported by IP, that further enable end-to-end communications. Upper layers 
may include, for example, transmission control protocol (TCP), user datagram protocol 
(UDP), file transfer protocol (FTP), real-time transport protocol (RTP) and hypertext transfer 
protocol (HTTP). The higher layers will modify and may enhance the end-to-end 
performance provided at the IP layer. 

NOTE 1 – Clause 5 defines an IP service performance model and more precisely defines key terms used in 
this layered model. 
NOTE 2 – Performance interactions among these layers are for further study. 
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Figure 2 – Layered model of performance for IP service – Example 

5 Generic IP service performance model 
This clause defines a generic IP service performance model. The model is primarily composed of two 
types of sections: the exchange link and the network section (NS). These are defined in clause 5.2. 
They provide the building blocks with which any end-to-end IP service may be represented. Each of 
the performance parameters defined in this Recommendation can be applied to the unidirectional 
transfer of IP packets on a section or a concatenated set of sections. 

Clause 5.4 specifies the set of IP packet transfer reference events that provide the basis for 
performance parameter definition. These reference events are derived from and are consistent with 
relevant IP service and protocol definitions. Clause 5.5 then uses those reference events to enumerate 
the possible outcomes when a packet is delivered into a section. 
NOTE – Incorporation of all or part of the ITU-T Y.1540 performance model and reference events into 
[b-ITU-T I.353] is for further study. 

5.1 Network components 

5.1.1 Host 
A computer that communicates using the Internet protocols. A host implements routing functions 
(i.e., it operates at the IP layer) and may implement additional functions including higher layer 
protocols (e.g., TCP in a source or destination host (DST)) and lower layer protocols (e.g., ATM). 

5.1.2 Router 
A host that enables communication between other hosts by forwarding IP packets based on the content 
of their IP destination address field. 
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5.1.3 Source host (SRC) 
A host and a complete IP address where end-to-end IP packets originate. In general, a host may have 
more than one IP address; however, a source host (SRC) is a unique association with a single IP 
address. Source hosts also originate higher layer protocols (e.g., TCP) when such protocols are 
implemented. 

5.1.4 Destination host (DST) 
A host and a complete IP address where end-to-end IP packets are terminated. In general, a host may 
have more than one IP address; however, a destination host is a unique association with a single IP 
address. Destination hosts also terminate higher layer protocols (e.g., TCP) when such protocols are 
implemented. 

5.1.5 Link 
A point-to-point (physical or virtual) connection used for transporting IP packets between a pair of 
hosts. It does not include any parts of the hosts or any other hosts; it operates below the IP layer. For 
example, a link could be a leased line or it could be implemented as a logical connection over an 
Ethernet, a frame relay network, an ATM network, or any other network technology that functions 
below the IP layer. 

Figure 3 illustrates the network components relevant to IP service between a SRC and a DST. Links, 
which could be dial-up connections, leased lines, rings, or networks are illustrated as lines between 
hosts. Routers are illustrated as circles and both SRC and DST are illustrated as triangles. 

 

Figure 3 – IP network components 

5.2 Exchange links and network sections 

5.2.1 Exchange link (EL) 
The link connecting: 
1) a source or destination host to its adjacent host (e.g., router) possibly in another jurisdiction, 

sometimes referred to as an access link, ingress link or egress link; or 
2) a router in one network section with a router in another network section. 
Note that the responsibility for an exchange link, its capacity, and its performance, is typically shared 
between the connected parties. 
NOTE – "Exchange link" is roughly equivalent to the term "exchange" as defined in [b-IETF RFC 2330]. 
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5.2.2 Network section (NS) 
A set of hosts together with all of their interconnecting links that together provide a part of the IP 
service between a SRC and a DST, and are under a single (or collaborative) jurisdictional 
responsibility. Some network sections consist of a single host with no interconnecting links. Source 
NS and destination NS are particular cases of network sections. Pairs of network sections are 
connected by exchange links. 
NOTE – "Network section" is roughly equivalent to the term "cloud" as defined in [b-IETF RFC 2330]. 

Any set of hosts interconnected by links could be considered a network section. However, for the 
(future) purpose of IP performance allocation, it will be relevant to focus on the set of hosts and links 
under a single (or collaborative) jurisdictional responsibility (such as an Internet service provider 
(ISP) or a network service provider (NSP)). These hosts typically have the same network identifier 
in their IP addresses. Typically, they have their own rules for internal routing. Global processes and 
local policies dictate the routing choices to destinations outside of this network section (to other NS 
via exchange links). These network sections are typically bounded by routers that implement the IP 
exterior gateway protocols. 

5.2.3 Source NS 
The NS that includes the SRC within its jurisdictional responsibility. In some cases, the SRC is the 
only host within the source NS. 

5.2.4 Destination NS 
The NS that includes the DST within its jurisdictional responsibility. In some cases, the DST is the 
only host within the destination NS. 

Figure 4 illustrates the network connectivity relevant to IP service between a SRC and a DST. At the 
edges of each NS, gateway routers receive and send packets across exchange links. 

 

Figure 4 – IP network connectivity 



 

  Rec. ITU-T Y.1540 (07/2016) 9 

5.3 Measurement points and measurable sections 

5.3.1 Measurement point (MP) 
The boundary between a host and an adjacent link at which performance reference events can be 
observed and measured. Consistent with [b-ITU-T I.353], the standard Internet protocols can be 
observed at IP measurement points (MPs). [b-ITU-T I.353] provides more information about MPs, 
for digital services. 
NOTE – The exact location of the IP service MP within the IP protocol stack is for further study. 

A section or a combination of sections is measurable if it is bounded by a set of MPs. In this 
Recommendation, the following sections are measurable. 

5.3.2 Basic section 
Either an EL, an NS, a SRC or a DST. Basic sections are delimited by MPs. 

The performance of any EL or NS is measurable relative to any given unidirectional end-to-end IP 
service. The ingress MPs are the set of MPs crossed by packets from that service as they go into that 
basic section. The egress MPs are the set of MPs crossed by packets from that service as they leave 
that basic section. 

5.3.3 End-to-end IP network 
The set of Els and NSs that provide the transport of IP packets transmitted from SRC to DST. The 
MPs that bind the end-to-end IP network are the MPs at the SRC and the DST. 

The end-to-end IP network performance is measurable relative to any given unidirectional end-to-end 
IP service. The ingress MPs are the MPs crossed by packets from that service as they go into the 
end-to-end network at the SRC. The egress MPs are the MPs crossed by packets from that service as 
they leave the end-to-end network at the DST. 

5.3.4 Network section ensemble (NSE) 
A network section ensemble (NSE) refers to any connected subset of NSs together with all of the Els 
that interconnect them. The term "NSE" can be used to refer to a single NS, two NSs, or any number 
of NSs and their connecting Els. Pairs of distinct NSEs are connected by exchange links. The term 
"NSE" can also be used to represent the entire end-to-end IP network. NSEs are delimited by MPs. 

The performance of any given NSE is measurable relative to any given unidirectional end-to-end IP 
service. The ingress MPs are the set of MPs crossed by packets from that service as they go into that 
NSE. The egress MPs are the set of MPs crossed by packets from that service as they leave that NSE. 

5.4 IP packet transfer reference events (IPREs) 
In the context of this Recommendation, the following definitions apply on a specified end-to-end IP 
service. The defined terms are illustrated in Figure 5. 
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Figure 5 – Example IP packet transfer reference events 

An IP packet transfer event occurs when: 
– an IP packet crosses a MP; and 
– standard IP procedures applied to the packet verify that the header checksum is valid; and 
– the source and destination address fields within the IP packet header represent the IP 

addresses of the expected SRC and DST. 
NOTE – The IP packet header contains information including type of service (ToS) or differentiated services 
code point (DSCP). How such information may affect packet transfer performance is for further study. 

IP packet transfer reference events are defined without regard to packet fragmentation. They occur 
for every IP packet crossing any MP regardless of the value contained in the "more-fragments flag". 

Four types of IP packet transfer events are defined: 

5.4.1 IP packet entry event into a host 
An IP packet transfer entry event into a host occurs when an IP packet crosses an MP entering a host 
(NS router or DST) from the attached EL. 

5.4.2 IP packet exit event from a host 
An IP packet transfer exit event from a host occurs when an IP packet crosses an MP exiting a host 
(NS router or SRC) into the attached EL. 

5.4.3 IP packet ingress event into a basic section or NSE 
An IP packet transfer ingress into a basic section or NSE event occurs when an IP packet crosses an 
ingress MP into a basic section or an NSE. 

5.4.4 IP packet egress event from a basic section or NSE 
An IP packet transfer egress event from a basic section or NSE occurs when an IP packet crosses an 
egress MP out of a basic section or an NSE. 
NOTE 1 – IP packet entry and exit events always represent, respectively, entry into and exit from a host. IP 
packet ingress events and egress events always represent ingress into and egress from a section or an NSE. 
To illustrate this point, note that an ingress into an EL creates an exit event from the preceding host, while an 
ingress into an NS is an entry event because, by definition, NSs always have hosts at their edges. 
NOTE 2 – For practical measurement purposes, IP packet transfer reference events need not be observed 
within the IP protocol stack of the host. Instead, the time of occurrence of these reference events can be 
approximated by observing the IP packets crossing an associated physical interface. This physical interface 
should, however, be as near as possible to the desired MP. In cases where reference events are monitored at a 
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physical interface, the time of occurrence of an exit event from a host is approximated by the observation of 
the first bit of the IP packet coming from the host or test equipment. The time of occurrence of an entry event 
into a host is approximated by the observation of the last bit of the IP packet going to the host or test equipment. 

5.5 IP packet transfer outcomes 
By considering IP packet transfer reference events, a number of possible IP transfer outcomes may 
be defined for any packet attempting to cross a basic section or an NSE. A transmitted IP packet is 
either successfully transferred, errored or lost. A delivered IP packet for which no corresponding IP 
packet was offered is said to be spurious. Figure 6 illustrates the IP packet transfer outcomes. 

The definitions of IP packet transfer outcomes are based on the concepts of permissible ingress MP, 
permissible egress MP and corresponding packets. 

 

Figure 6 – IP packet transfer outcomes 

5.5.1 Global routing information and permissible output links 
In theory, in a connected IP network, a packet can be delivered to any router, NS or NSE, and still 
arrive at its destination. However, global routing information defines a restricted set of destination 
addresses that each network (autonomous system) is willing and able to serve on behalf of each of its 
adjoining NS. It is reasonable to assume that (in the worst case) an NS will completely discard any 
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packets with destination addresses for which that NS has announced an inability (or an unwillingness) 
to serve. Therefore, all IP packets (and fragments of packets) leaving a basic section should only be 
forwarded to other basic sections as permitted by the available global routing information. 

For performance purposes, the transport of an IP packet by an NSE will be considered successful only 
when that NSE forwards the entire packet contents to other basic sections as permitted by the currently 
available global routing information. If the destination address corresponds to a host attached directly 
to this NSE, the only permitted output and the only successful IP transport is a forwarding to the 
destination host. 
NOTE 1 – IP procedures include updating of global routing information. An NS that was permissible may no 
longer be permissible following an update of the routing information shared between NSs. Alternatively, an 
NS that was not previously permissible may have become permissible after an update of the global routing 
information. 
NOTE 2 – Routing information can be supplemented by information about the relative suitability of each of 
the permitted output links. The performance implications of that additional information are for further study. 

At a given time, and relative to a given end-to-end IP service and a basic section or NSE: 
– an ingress MP is a permissible ingress MP if the crossing of this MP into this basic section 

or NSE is permitted by the global routing information; 
– an egress MP is a permissible egress MP if the crossing of this MP leads into another basic 

section that is permitted by the global routing information. 

5.5.2 Corresponding events 
Performance analysis makes it necessary to associate the packets crossing one MP with the packets 
that crossed a different MP. Connectionless routing means a packet may leave a basic section on any 
one of (possibly) several permissible egress MP. Packet fragmentation means that a packet going into 
a basic section may leave in fragments, possibly into several different other basic sections. Finally, 
connectionless IP routing may even send a packet or a fragment back into a basic section it has already 
traversed (possibly due to the updating of routing tables). 

An IP egress event is said to correspond to an earlier ingress event if they were created by the "same" 
IP packet. This concept applies whether the packet at the egress MP is the whole packet or just a 
fragment of the original. Figure 7 illustrates a case where a packet goes into NS C from NS B and is 
fragmented into two parts in NS C. One of the fragments is sent to NS D and the other to NS F. Both 
of these egress events correspond to the single ingress event. To avoid confusion resulting from 
packets re-entering the NSE, this concept of correspondence also requires that this be the first time 
(since its ingress) this particular content has departed from the NSE. 

The practical determination of whether IP reference events are corresponding is usually ad hoc and 
will often rely on consideration of the IP addresses, the global routing information, the IP packet 
identification field, other header information and the IP packet contents. 
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Figure 7 – Corresponding events when fragmentation occurs 

5.5.3 Notes about the definitions of successful, errored, lost and spurious packet outcomes 
Each of the following definitions of individual packet outcomes is based on observing IP reference 
events at IP measurement points. By selecting the appropriate IP measurement points, each definition 
can be used to evaluate the performance of a particular EL, a particular NS, a particular NSE, and 
they can be applied to the performance of end-to-end services. 

These outcomes are defined without restriction to a particular packet type (ToS, DSCP, 
protocol, etc.). IP performance will differ by packet type. 

In each definition, the possibility of packet fragmentation is accounted for by including the possibility 
that a single IP reference event could result in several subsequent events. Note that if any fragment is 
lost, the whole original packet is considered lost. If no fragments are lost, but some are errored, the 
entire original packet is considered errored. For the delivery of the original packet to be considered 
successful, each fragment must be successfully delivered to one of the permissible output Els. 

5.5.4 Successful IP packet transfer outcome 
A successful packet transfer outcome occurs when a single IP packet reference event at a permissible 
ingress MP0 results in one (or more) corresponding reference event(s) at one (or more) egress MPi, 
all within a specified time Tmax of the original ingress event and: 
1) all egress MPi where the corresponding reference events occur are permissible; and 
2) the complete contents of the original packet observed at MP0 are included in the delivered 

packet(s); and 
3) the binary contents of the delivered IP packet information field(s) conform exactly with that 

of the original packet; and 
4) the header field(s) of the delivered packet(s) is (are) valid. 
NOTE – The value of Tmax is recommended to be set at 3 seconds for general use. Some global end-to-end 
paths may require a larger value of Tmax to ensure that packets with long transfer times have adequate 
opportunity to arrive. The value of 3 seconds has been used in practice. 

5.5.5 Errored IP packet outcome 
An errored packet outcome occurs when a single IP packet reference event at a permissible ingress 
MP0 results in one (or more) corresponding reference event(s) at one (or more) egress MPi, all within 
Tmax time of the original reference event and: 
1) all egress MPi where the corresponding reference events occur are permissible; and 
2) the complete contents of the original packet observed at MP0 are included in the delivered 

packet(s); and 
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3) either: 
– the binary contents of the delivered IP packet information field(s) do not conform exactly 

with that of the original packet; or 
– one or more of the header field(s) of the delivered packet(s) is (are) corrupted. 

NOTE – Most packets with errored headers that are not detected by the header checksum at the IP layer will 
be discarded or redirected by other IP layer procedures (e.g., based on corruption in the address or ToS/DSCP 
fields). The result is that no reference event is created for the higher layer protocols expecting to receive this 
packet. Because there is no IP reference event, these packet transfer attempts will be classified as lost packet 
outcomes. Errored headers that do not result in discarding or misdirecting will be classified as errored packet 
outcomes. 

5.5.6 Lost IP packet outcome 
A lost packet outcome occurs when there is a single IP packet reference event at a permissible ingress 
MP1, and when some or all of the contents corresponding to that ingress packet do not result in an IP 
packet reference event at a permissible egress MPn within the time Tmax. 

A lost packet outcome may in fact be one or more misdirected packet outcomes (which were not 
observed), as defined below. 

A misdirected packet occurs when a single IP packet reference event at a permissible ingress MP0 
results in one (or more) corresponding reference event(s) at one (or more) egress MPi, all within a 
specified Tmax time of the original reference event and: 
1) the complete contents of the original packet observed at MP0 are included in the delivered 

packet(s); but 
2) one or more of the egress MPi where the corresponding reference events occur is (are) not 

permissible egress MP(s). 

5.5.7 Spurious IP packet outcome 
A spurious IP packet outcome occurs for a basic section, an NSE, on an end-to-end IP service when 
a single IP packet creates an egress event for which there was no corresponding ingress event. 

5.5.8 Secondary IP packet outcomes 
The following outcomes are based on the fundamental outcomes described above. 

5.5.8.1 In-order and reordered IP packet outcomes 
The definition of these IP packet outcomes requires some background discussion. 

In-order packet delivery is a property of successful packet transfer attempts, where the sending packet 
order is preserved on arrival at the destination host (or measurement point). Arrival order is 
determined by the position relative to other packets of interest, though the extent to which a given 
packet has been reordered may be quantified in the units of position, time and payload byte distances. 
A reordered packet performance parameter is relevant for most applications, especially when 
assessing network support for real-time media streams, owing to their finite ability to restore order or 
when the performance implies a lack of that capability. Packets usually contain some unique identifier 
applied at the SRC, sometimes assumed to be a sequence number, so this number or other information 
(such as time stamps from the MP0) is the reference for the original order at the source. The evaluation 
of arrival order also requires the ability to determine which specific packet is the "next expected" 
packet, and this is greatly simplified where sequence numbers are consecutive increasing integers. 

An in-order packet outcome occurs when a single IP packet reference event at a permissible egress 
measurement point results in the following: 
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– The packet has a sequence number greater than or equal to the next expected packet value. 
The next expected value increases to reflect the arrival of this packet, setting a new value of 
expectation. 

A reordered or out-of-order packet outcome occurs when a single IP packet reference event at a 
permissible egress measurement point results in the following: 
– The packet has a sequence number lower than the next expected packet value and therefore 

the packet is reordered. The next expected value does not change due to arrival of this packet. 

5.5.8.2 IP packet severe loss block outcome 
An IP packet severe loss block outcome (IPSLB) occurs for a block of packets observed during time 
interval Ts at ingress MP0 when the ratio of lost packets at egress MPi to total packets in the block 
exceeds s1. 

The value of time interval Ts is provisionally set at 10 seconds. The value of threshold s1 is 
provisionally set at 0.2. Evaluation of successive blocks (time intervals) should be non-overlapping. 
NOTE – These values are intended to identify IP path changes due to routing updates, which cause significant 
degradation to most user applications. The values may change following further study and experience. Lower 
values of s1 would capture additional network events that may affect the operation of connectivity-sensitive 
applications. Also, significant degradation to video and audio applications may be well correlated with the 
IPSLB outcome when using Ts block lengths of approximately 1 second, and use of this value may be important 
in the future. 

The minimum number of packets that should be used in evaluating the severe loss block outcome is 
Mlb, and these packets should be spread throughout a Ts interval. The value of Mlb is for further study. 

5.5.8.3 Duplicate IP packet outcome 
A duplicate packet transfer outcome is a subset of successful packet outcomes, and occurs when a 
single IP packet reference event at a permissible ingress MP0 results in two or more corresponding 
reference event(s) on at least one permissible egress MPi, and the binary information fields of all the 
output packets are identical to the original packet. The egress reference event at MPi for a duplicate 
packet occurs subsequently to at least one other corresponding egress reference event for the original 
packet (usually also at MPi). 

Note that in point-to-point communication, there is only one permissible egress MPi where the 
destination host is directly attached to the NSE. In point-to-multipoint communication, there may be 
many permissible egress MPi for the various destinations. 

5.5.8.4 Replicated IP packet outcome 
A replicated packet transfer outcome occurs when a single IP packet reference event at a permissible 
ingress MP0 results in two or more corresponding reference event(s) on at least one permissible egress 
MPi, and the binary information fields of all the output packets are identical to the original packet. 
The egress reference event at MPi for a replicated packet is the first for the original packet and occurs 
prior to at least one other egress reference event for a duplicate packet (usually also at MPi). 

5.5.9 Stream-repair IP packet outcomes 
The following outcomes are based on the fundamental outcomes, with additional analysis based on a 
model of stream repair systems. Appendix VII gives more background on this topic and the 
impairment mitigation techniques (above IP-layer) that are addressed. 

5.5.9.1 Simple model of application-layer stream repair techniques 
Appendix VII also defines a simple model, described below. Each stream of application-layer packets 
is modelled as containing two categories of packets: 
• intervals or blocks of information packets; 
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• the maximum number of repairable packets associated with the information block. 
The challenge to the repair technique designer is to choose the information block size in combination 
with the (maximum) repair capability that will be sufficient to compensate for a high percentage of 
packet network impairments (loss, excessive delay, and corruption), while working within the overall 
packet transfer capacity limits of the system and delivering sufficient quality in the application stream. 

The new performance parameters should aid these decisions. 

5.5.9.2 Impaired packet outcome and IP packet impaired interval outcome 
An IP packet impaired interval outcome occurs for a set of packets observed during time interval TI 
at ingress MP0 when the number of impaired packet outcomes at egress MPi exceeds x. Note that the 
time interval TI includes both information and overhead or repair packets (if embedded in the ingress 
stream). 

Impaired packet outcomes are the sum of the following outcomes: 
• lost packet outcomes, using a Tmax associated with TI and the nominal transfer time, and 

possibly equal to the minimum packet transfer delay for the population of interest plus 
(a multiple of) TI. This would include packets that are subject to excessive queuing as well 
as those that never arrive; 

• errored packet outcomes. 

Note that one distinguishing factor between this outcome and other packet loss/block metrics is the 
combination of exceptionally delayed packets (beyond a delay variation threshold) with packets that 
never arrive (and are truly lost during transfer) in a single category: Impaired Packets. 

There are no provisional values set for time interval TI and threshold x. Instead, the analysis may 
involve a range of values for interval TI and threshold x. The length of the IP packet payload should 
also be specified, as this influences the serialization time and therefore the time interval occupied by 
a block of packets. 

5.5.9.3 IP packet impaired block outcome 
An IP packet impaired block outcome occurs for a set of packets of block size b, observed at ingress 
MP0 when the number of impaired packet outcomes at egress MPi in the block exceeds x. There are 
no provisional values set for the block size b and the repair threshold x. 

6 IP packet transfer performance parameters 
This clause defines a set of IP packet information transfer performance parameters using the IP packet 
transfer outcomes defined in clause 5.5. All of the parameters may be estimated on the basis of 
observations made at MP that bound the basic section or NSE under test. 
NOTE – Definitions of additional IP packet transfer performance parameters (e.g., severely errored IP packet 
block ratio) are for further study. 

6.1 Packet qualifications 
This clause defines key terminology for qualifying the applicability of performance parameters to 
sets of packets. 

6.1.1 Populations of interest 
Most of the performance parameters are defined over sets of packets called populations of interest. 
For the end-to-end case, the population of interest is usually the total set of packets being sent from 
SRC to DST. The measurement points in the end-to-end case are the MP at the SRC and DST. 
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For a basic section or NSE and relative to a particular SRC and DST pair, the population of interest 
at a particular permissible ingress MP is that set of packets being sent from SRC to DST that are 
routed into the basic section or NSE across that specific MP. This is called the specific-ingress case. 

The total population of interest for a basic section or NSE relative to a particular SRC and DST pair 
is the total set of packets from SRC to DST that are delivered into the section or NSE across any of 
its permissible ingress MPs. This is called the ingress-independent case. 

Each of these IP performance parameters are defined without reference to a particular packet type 
(ToS, DSCP, protocol, etc.) Performance will differ by packet type and any statement about measured 
performance should include information about which packet type or types were included in the 
population. 

6.1.2 Packet flow 
A packet flow is the set of packets associated with a given connection or connectionless stream having 
the same source host address (SRC), destination host address (DST), class of service, and session 
identification (e.g., port numbers from a higher-layer protocol). Other documents may use the terms 
microflow or subflow when referring to packet streams with this degree of classification. A packet 
flow is the most common example of a population of interest. 

IPv6 packets have an additional field for the source host to label sequences of packets which should 
receive some special treatment in IPv6 routers. This field is called the flow label and, in combination 
with the source address, uniquely defines a packet flow. 

6.2 IP packet transfer delay 
IP packet transfer delay (IPTD) is defined for all successful and errored packet outcomes across a 
basic section or an NSE. IPTD is the time, (t2 – t1) between the occurrence of two corresponding IP 
packet reference events, ingress event IPRE1 at time t1 and egress event IPRE2 at time t2, where 
(t2 > t1) and (t2 – t1)  Tmax. If the packet is fragmented within the NSE, t2 is the time of the final 
corresponding egress event. The end-to-end IP packet transfer delay is the one-way delay between 
the MP at the SRC and DST as illustrated in Figure 8. 

 

Figure 8 – IP packet transfer delay events  
(illustrated for the end-to-end transfer of a single IP packet) 
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6.2.1 Mean IP packet transfer delay 
Mean IP packet transfer delay is the arithmetic average of IP packet transfer delays for a population 
of interest. 

6.2.2 Minimum IP packet transfer delay 
Minimum IP packet transfer delay is the smallest value of IP packet transfer delay among all IP packet 
transfer delays of a population of interest. This includes propagation delay and queuing delays 
common to all packets. Therefore, this parameter may not represent the theoretical minimum delay 
of the path between MP. 

6.2.3 Median IP packet transfer delay 
The median IP packet transfer delay is the 50th percentile of the frequency distribution of IP packet 
transfer delays from a population of interest. The median is the middle value once the transfer delays 
have been rank-ordered. To obtain this middle value when the population contains an even number 
of values, then the mean of the two central values is used. 

6.2.4 End-to-end 2-point IP packet delay variation 
The variations in IP packet transfer delay are also important. Streaming applications might use 
information about the total range of IP delay variation to avoid buffer underflow and overflow. 
Extreme variations in IP delay will cause TCP retransmission timer thresholds to grow and may also 
cause packet retransmissions to be delayed or cause packets to be retransmitted unnecessarily. 

End-to-end 2-point IP packet delay variation (PDV) is defined based on the observations of 
corresponding IP packet arrivals at ingress and egress MP (e.g., MPDST, MPSRC). These observations 
characterize the variability in the pattern of IP packet arrival events at the egress MP and the pattern 
of corresponding events at the ingress MP with respect to a reference delay. 

The 2-point PDV (vk) for an IP packet k between SRC and DST is the difference between the absolute 
IP packet transfer delay (xk) of packet k and a defined reference IP packet transfer delay, d1,2, between 
those same MPs (see Figure 9): vk = xk – d1,2. 
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Figure 9 – 2-point IP packet delay variation 

The reference IP packet transfer delay, d1,2, between SRC and DST is the absolute IP packet transfer 
delay experienced by a selected IP packet between those two MPs. 

Positive values of 2-point IP packet delay variation (IPDV) correspond to IP packet transfer delays 
greater than those experienced by the reference IP packet; negative values of 2-point PDV correspond 
to IP packet transfer delays less than those experienced by the reference IP packet. The distribution 
of 2-point PDVs is identical to the distribution of absolute IP packet transfer delays displaced by a 
constant value equal to d1,2. 

6.2.4.1 Using minimum delay as the basis for delay variation 
As illustrated in Figure 9, the delay variation of an individual packet is naturally defined as the 
difference between the actual delay experienced by that packet and a nominal or reference delay. The 
preferred reference (used in [ITU-T Y.1541] IPDV objectives) is the minimum delay of the 
population of interest. This ensures that all variations will be reported as positive values, and 
simplifies reporting the range of variation (the maximum value of variation is equal to the range). 
Distributions of delay variation in IP networks often exhibit a bias toward the minimum (e.g., the 
minimum and the mode are equal). Many more useful capabilities of this form of delay variation – 
PDV, using the minimum delay as reference – are detailed in [IETF RFC 5481]. 

Use of the average delay as the delay variation reference is depreciated in this version of this 
Recommendation. 

In previous versions of this Recommendation, there was an alternative to using the minimum packet 
delay as the nominal delay: to use the average delay of the population of interest as the nominal or 
reference delay. This has the effect of centring the distribution of delay variation values on zero (when 
the distribution is symmetrical), and produces both positive and negative variations. However, the 
average delay of the population may be distinctly different from the delay of any individual packet, 
creating an artificial reference for variation (e.g., when a bimodal distribution is present). 
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6.2.4.2 Quantile-based limits on IP packet delay variation 
The preferred method (used in [ITU-T Y.1541] objectives) for summarizing the delay variation of a 
population of interest is to select upper and lower quantiles of the delay variation distribution and 
then measure the distance between those quantiles. For example, select the 1 – 10–3 quantile and the 
0 quantile (or minimum), make measurements, and observe the difference between the delay variation 
values at these two quantiles. This example would help application designers determine the de-jitter 
buffer size for no more than 0.1% total buffer overflow. 

An objective for IP packet delay variation could be established by choosing an upper bound for the 
difference between pre-specified quantiles of the delay variation distribution. For example, 
"The difference between the 99.9 quantile and the minimum of the packet delay variation should be 
no more than 50 ms." 

6.2.4.3 Interval-based limits on IP packet delay variation 
An alternative method for summarizing the IP packet delay variation experienced by a population of 
interest is to pre-specify a delay variation interval, e.g., 50 ms, and then observe the percentage of 
individual packet delay variations that fall inside and outside of that interval. If the 50 ms interval 
were used, application with fixed buffer sizes of at or near 50 ms would then know approximately 
how many packets would cause buffer over- or under-flow. 
NOTE – If this method is used for summarizing IP packet delay variation, the delay variant of individual 
packets should be calculated using the minimum delay as nominal in clause 6.2.4.1, instead of the definition 
of clause 6.2.4 using the first packet. Using the definition of clause 6.2.4, the pre-selected interval (e.g., the 
50 ms) might occasionally be anchored on an unusually large or small value. 

An objective for IP packet delay variation could be established by choosing a lower bound for the 
percentage of individual packet delay variations that fall within a pre-specified interval. For example, 
" 99.9% of packet delay variations should be within the interval [0 ms, 50 ms]". 

6.2.4.4 Secondary parameters for IP packet delay variation 
One or more parameters that capture the effect of IP packet delay variations on different applications 
may be useful. It may be appropriate to differentiate the (typically small) packet-to-packet delay 
variations from the potentially larger discontinuities in delay that can result from a change in the IP 
routing. Appendix II gives several secondary definitions of delay variation and guidance on their use. 

6.3 IP packet error ratio (IPER) 
IP packet error ratio (IPER) is the ratio of total errored IP packet outcomes to the total of successful 
IP packet transfer outcomes plus errored IP packet outcomes in a population of interest. 

6.4 IP packet loss ratio (IPLR) 
IP packet loss ratio (IPLR) is the ratio of total lost IP packet outcomes to total transmitted IP packets 
in a population of interest. 
NOTE – Metrics for describing one-way loss patterns may be found in [b-IETF RFC 3357]. Consecutive 
packet loss is of particular interest to certain non-elastic real-time applications, such as voice and video. 
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6.5 Spurious IP packet rate 
Spurious IP packet rate at an egress MP is the total number of spurious IP packets observed at that 
egress MP during a specified time interval divided by the time interval duration (equivalently, the 
number of spurious IP packets per service-second)1. 

6.6 IP packet reordered ratio (IPRR) 
An IP packet reordered ratio (IPRR) is the ratio of the total reordered packet outcomes to the total of 
successful IP packet transfer outcomes in a population of interest. 

Figure 10 illustrates an out-of-order packet outcome for packet 2, and a hypothetical tolerance on 
arrival time with a playout buffer that can restore order. 

 

Figure 10 – Illustration of reordered arrival 

If separate reordering events can be distinguished, then an event count may also be reported (along 
with the event criteria). 

It is also possible to assert the degree to which a packet is reordered. Any packet whose sequence 
number causes the next expected value to increment by more than the standard increment indicates a 
discontinuity in the arrival order. From this point on, any (reordered) packets with sequence number 
less than the next expected value can be quantified with a distance with respect to the discontinuity. 
The distance may be in units of position, time or the sum byte payloads of intervening packets. 
Referring to Figure 10 for an example, packet 2 can be said to be "late" by t seconds, or 1 packet in 
terms of position. 

[IETF RFC 4737] should be consulted for additional reordering parameters. 

6.7 IP packet severe loss block ratio (IPSLBR) 
An IP packet severe loss block ratio (IPSLBR) is the ratio of the IP packet severe loss block outcomes 
to total blocks in a population of interest. 
NOTE – This parameter can identify multiple IP path changes due to routing updates, also known as route 
flapping, which causes significant degradation to most user applications. 

____________________ 
1  Since the mechanisms that cause spurious IP packets are expected to have little to do with the number of IP 

packets transmitted across the sections under test, this performance parameter is not expressed as a ratio, 
only as a rate. 
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6.8 IP packet duplicate ratio (IPDR) 
IP packet duplicate ratio (IPDR) is the ratio of total duplicate IP packet outcomes to the total of 
successful IP packet transfer outcomes minus the duplicate IP packet outcomes in a population of 
interest. 

6.9 Replicated IP packet ratio (RIPR) 
The replicated IP packet ratio (RIPR) is the ratio of total replicated IP packet outcomes to the total of 
successful IP packet transfer outcomes minus the duplicate IP packet outcomes in a population of 
interest. 

6.10 Stream repair parameters 
Ideally, we would like to know the probability that a given packet interval (or information block, b) 
will contain more than x impaired packets. 

  P(b, x) = p, or P(TI, x) = p 

Measurement of the impaired packet outcomes occurring in a population of interest should provide 
an empirical assessment of the probability during available time. 

6.10.1 IP packet impaired interval ratio (IPIIR) 
An IP packet impaired interval ratio is the ratio of the IP packet impaired interval outcomes to total 
non-overlapping intervals in a population of interest. 

6.10.2 IP packet impaired block ratio (IPIBR) 
An IP packet impaired block ratio (IPIBR) is the ratio of the IP packet impaired block outcomes to 
total non-overlapping blocks in a population of interest. 

6.11 Capacity parameters 
An end-to-end IP packet transfer service traverses an ordered sequence of basic sections from a source 
host, to a destination host. The capacity parameters described below define properties for basic 
sections in terms of their ability to carry IP traffic, and corresponding properties for NSEs, also 
referred to as "paths". It is important to note that a basic section as well as a sequence of basic sections 
is associated with a direction. The direction is significant, as the properties of a sequence of sections 
in the forward direction need not be the same as in the reverse direction. 

Note that, in contrast to the flow-related parameters defined in clause 6.12, the capacity-related 
parameters are not dependent on higher layer protocols on top of IP (e.g., TCP). 

6.11.1  Section metrics 

6.11.1.1 IP-layer bits transferred 
For a given population of interest, the IP-layer bits transferred are defined as eight (8) times the 
number of octets in all IP packets generating successful IP packet transfer outcomes at an egress 
measurement point, from the first octet of the IP header to the last octet of the IP packet payload, 
inclusive. 

Note that this definition is identical to the definition of IP-layer bits in [IETF RFC 5136]. Also note 
that the definition of IP-layer bits is IP-version agnostic. 

6.11.1.2 IP-layer section capacity 
For a given population of interest, the IP-layer section capacity is: 

  
t
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where n0 is the highest number of IP-layer bits that can be transferred over a basic section generating 
successful IP packet transfer outcomes at the egress measurement point during a specified time 
interval [t, t + Δt]. 

6.11.1.3 IP-layer used section capacity 
For a given population of interest, the IP-layer used section capacity is: 

  
t
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where n is the actual number of IP-layer bits transferred over a basic section generating successful IP 
packet transfer outcomes at the egress measurement point during a specified time interval [t, t + Δt]. 

6.11.1.4 IP-layer section utilization 
For a given population of interest, the IP-layer section utilization V(t, Δt) is defined as the ratio 
between the IP-layer used section capacity U(t, Δt) and the IP-layer section capacity C(t, Δt). That is: 

  ),(/),(),( ttCttUttV  

6.11.1.5 IP-layer available section capacity 
For a given population of interest, the IP-layer available section capacity, A(t, Δt), is the unused 
portion of the IP-layer section capacity during a time interval [t, t + Δt]. This can be calculated as the 
difference between the IP-layer section capacity and the IP-layer used section capacity. That is, 

  ),(),(),( ttUttCttA  

or, equivalently 
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6.11.2 NSE metrics 

6.11.2.1 IP-layer NSE capacity 
The definition of IP-layer section capacity can be extended to a NSE, also referred to as "path". For 
a given population of interest, the IP-layer NSE capacity CNSE(t, Δt) during a specified time interval 
[t, t + Δt] is defined as the smallest IP-layer section capacity along that NSE. That is, the IP-layer 
NSE capacity is: 

  ),(min),(
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where Ci is the IP-layer section capacity of section number i (i=1..n) in the NSE. 

6.11.2.2 IP-layer available NSE capacity 
The definition of IP-layer available section capacity can be extended to a NSE, also referred to as 
"path". For a given population of interest, the IP-layer available NSE capacity ANSE(t, Δt) during a 
specified time interval [t, t + Δt] is defined as the smallest IP-layer available section capacity along 
that NSE. That is, 

  ),(min),(
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where Ai is the IP-layer available section capacity of the section number i (i=1..n) in the NSE. Note 
that the section number determining the IP-layer available NSE capacity may be different from the 
section number determining the IP-layer NSE capacity. 
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6.11.2.3 IP-layer tight section capacity 
For a given population of interest, the IP-layer tight section is defined as the section in a NSE with 
the smallest IP-layer available section capacity. Note that if there are several sections fulfilling this 
condition the IP-layer tight section is not uniquely defined. 

For a given population of interest, the IP-layer tight section capacity of a NSE is the IP-layer section 
capacity of the IP-layer tight section. 

Note that the IP-layer available section capacity of the IP-layer tight section equals the IP-layer 
available NSE capacity. That is, the IP-layer tight section capacity is: 

      ),(),( ttCttC iTL  such that ),(),( ttAttA NSEi  

Note that the IP-layer tight section does not necessarily have to be the same section as the section 
determining the IP-layer NSE capacity. 

6.11.3 Variability 
Each capacity metric P represents an average value over a time interval [t, t + Δt]. For a set of 
consecutive observations P1..PN for a given parameter P over an interval [T, T + ΔT], where T > t, the 
average, standard deviation, and quantiles can be used to describe the variability. 

6.11.3.1 Average 
The average is calculated as: 
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6.11.3.2 Standard deviation 
The standard deviation is calculated as: 
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6.11.3.3 Quantiles 
For a sorted list of N values P1..Pn the kth 100-quantile (i.e., kth percentile) is defined as: 

  
100

: kNIPI  
where PI is the corresponding data value for the kth 100-quantile. (The symbol  means that if 

100
kN is not an integer it should be rounded up to the next higher integer to get the list index I.) 

The quantiles for minimum (k = 0), median (k = 50) and maximum (k = 100) are of special interest 
and should be reported. Other quantiles, such as k = 95 or k = 99, may also be used. 

6.12 Flow-related parameters 
It is useful to characterize performance in terms of flow or throughput-related parameters that 
evaluate the ability of IP networks or sections to carry quantities of IP packets. It should be noted that 
a parameter intended to characterize the throughput of an IP application would not be equal to the 
amount of resources available to that application (as quantified in clause 6.11); this is because the 
higher layer protocols over IP (e.g., TCP) also influence the throughput experienced. 

In the present version of this Recommendation, it is recommended that all flow- or throughput-related 
parameters should fulfil the following requirements: 
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1) A parameter characterizing the throughput offered to an IP service should relate the amount 
of IP packets successfully transported by an IP network or section to the amount of IP packets 
that were delivered into this network or section. 

2) The throughput-related parameter should apply to an end-to-end IP network and to the IP 
transport across an EL, NS or NSE. 

Some flow- or throughput-related parameters attempt to characterize the throughput capacity of an 
IP network, i.e., its ability to sustain a given IP packet transfer rate. It is recommended that any such 
parameters should fulfil the following additional requirements: 
1) The traffic pattern offered to the IP network or section should be described, since the ability 

of the IP network or section to successfully deliver these packets depends on this traffic 
pattern. 

2) The rate at which traffic is offered should not exceed the capacity (in bits per second) of the 
link that connects the sections under test with the destination sections that are not under test. 

3) In any individual statement about throughput performance, the type of IP packet considered 
should be declared. 

It is also recommended to follow the guidelines for throughput-related parameters and their 
measurement found in the IETF RFC 3148 framework for bulk transfer capacity (BTC) metrics. All 
parameters related to flow and throughput remain under study. Appendix III presents some candidate 
throughput-related parameters and additional questions to consider in further study of this topic. 
Appendix IX describes how measurements using TCP do not meet the requirements of this clause. 

7 IP service availability 
IP service availability is applicable to end-to-end IP service, basic sections and NSE. 

An availability function (defined in clause 7.1) serves to classify the total scheduled service time for 
an IP service into available and unavailable periods. On the basis of this classification, both percent 
IP availability and percent IP unavailability are defined in clause 7.2. Finally, a two-state model of 
IP service availability serves as the basis for defining related availability parameters in clause 7.2. 
NOTE – Unless otherwise noted by an IP service provider, the scheduled service time for IP service is assumed 
to be 24 hours a day, seven days a week. 

7.1 IP service availability function 
The basis for the IP service availability function is a threshold on the IPLR performance. 

The IP service is available on an end-to-end basis if the IPLR for that end-to-end case is smaller than 
the threshold c1 defined in Table 1. 
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Table 1 – IP service availability function 

Outage criterion Threshold 

IPLR > c1 c1 = 0.20 
NOTE – The value of 0.20 for c1 is considered provisional and is identified as requiring further study. The 
previous provisional value for c1 was 0.75. Values of 0.9 and 0.99 have also been suggested for c1. 
However, at the time of approval of this Recommendation the majority of causes for unavailability appear 
to stem from failures where the loss ratio is essentially 100%, and many applications of IP networks are no 
longer operating when loss ratio is >0.20. When IP networks support multiple qualities of service, it may 
be appropriate to consider different values of c1 for different services. In this case, c1 values of between 
0.03 and 0.2 (based on resilience of different speech coders) have been suggested for services offering 
[ITU-T Y.1541] class 0 or class 1, and c1 of 0.75 for [ITU-T Y.1541] class 5. 
The threshold c1 is only to be used for determining when the IP network resources are (temporarily) 
incapable of supporting a useful IP packet transfer service. The value c1 should not be considered a 
statement about IPLR performance nor should it be considered an IPLR objective suitable for any IP 
application. Performance objectives established for IPLR should exclude all periods of service 
unavailability, i.e., all time intervals when the IPLR > c1. 

Relative to a particular SRC and DST pair, a basic section or an NSE is available for the 
ingress-independent case if the IPLR for that pair is smaller than the threshold c1, as measured across 
all permissible ingress MPs. 

Relative to a particular SRC and DST pair, a basic section or an NSE is available for the 
specific-ingress case if the IPLR for that pair is smaller than the threshold c1, as measured from a 
specific permissible ingress MP. 
NOTE 1 – From an operations perspective, it will be possible to measure and/or monitor availability from a 
specific ingress MP and then use this information to create inferences about the ingress-independent 
availability. 
NOTE 2 – The quantitative relationship between end-to-end IP service availability and the IP service 
availability of the basic section or NSE remains for further study. 

If the outage criteria given by Table 1 is satisfied (i.e., IPLR exceeds its threshold), the IP service is 
in the unavailable state (experiences an outage). The IP service is in the available state (no outage) if 
the outage criteria is not satisfied. The minimum number of packets that should be used in evaluating 
the IP service availability function is Mav (the value of Mav is for further study. When tests of 
availability use end-user generated traffic, Mav of 60 packets has been suggested, disbursed within 
Tav at one packet per second). The minimum duration of an interval of time during which the IP 
service availability function is to be evaluated is Tav. Tav is provisionally defined to be one minute. 
Study has revealed that this value is consistent with practical limits on IP layer operations. Monitoring 
of lower layer performance and network element faults may be able to identify impending 
unavailability in a shorter time, and direct corrective action. Appendix VI gives the rationale for the 
current IP service availability function definition and values for Tav and c1. 
NOTE 3 – The outage criterion based on the IPLR is expected to satisfactorily characterize IP service 
availability. However, IP service availability might also take into account severely degraded performance for 
IPER and/or spurious IP packet rate. The inclusion of additional availability decision parameters and their 
associated thresholds remains for further study. 
NOTE 4 – This unidirectional definition of availability is motivated by the fact that IP packets often traverse 
very different routes from SRC to DST than they traverse from DST to SRC. If, from an IP network user 
perspective, a bidirectional availability definition is needed, a bidirectional definition can be easily derived 
from this unidirectional definition, by summing the non-overlapping unavailable time of the reverse path. 

It is intended that this definition of IP service availability be applicable to both end-user generated IP 
traffic (i.e., the normal flow of IP packets between the SRC and the DST) as well as to traffic 
generated by test sets and test methodologies. In either case, the source of the IP traffic should be 
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documented when reporting availability findings. Such documentation should include the specific 
types of packets used in each direction of flow. 

Traffic generated specifically to test the availability state should be limited so that it does not cause 
congestion. This congestion could affect other traffic and/or could significantly increase the 
probability that the outage criteria will be exceeded. 

More information on the determination of the availability state can be found in Appendix IV. 

7.2 IP service availability parameters 

7.2.1 Percent IP service unavailability (PIU) 
The percent IP service unavailability (PIU) is the percentage of total scheduled IP service time (the 
percentage of Tav intervals) that is (are) categorized as unavailable using the IP service availability 
function. 

7.2.2 Percent IP service availability (PIA) 
The percent IP service availability (PIA) is the percentage of total scheduled IP service time (the 
percentage of Tav intervals) that is (are) categorized as available using the IP service availability 
function; PIU and PIA are related as: 

  PIU = 100 – PIA 
NOTE – Because the IPLR typically increases with increasing offered load from SRC to DST, the likelihood 
of exceeding the threshold c1 increases with increasing offered load. Therefore, PIA values are likely to be 
smaller when the demand for capacity between SRC and DST is higher. 

Appendix IV provides information on sampling to determine the PIA and PIU. 
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Appendix I 
 

IP packet routing considerations 
(This appendix does not form an integral part of this Recommendation.) 

This appendix describes IP packet routing considerations relevant to the characterization of IP service 
performance. 

IP packet routing is determined by each network operator's policies and configurations for routing 
protocols, and choices of the protocols themselves. For example, operators configure a parameter for 
the "cost" of traversing each link in their network, and the routing algorithm computes the lowest-cost 
route to the destination based on its knowledge of the current state of network topology. Clearly, the 
path a packet takes from source to destination greatly influences the transfer delay it will experience 
(from both transport and queuing), as well as exposure to other impairments such as loss, errors, 
duplication and reordering. 

Another way in which routing protocols influence packet transfer performance is in their automated 
response to changes in network topology, such as link or router failures, or maintenance action to take 
a network element out of service. When the network topology changes due to failure, a recovery 
process restores the affected connectivity over the remaining network topology, if possible. This 
process is called "re-routing" or "re-convergence", and typically contains the following steps (each 
requiring time to execute): 
1) Failure/event detection. 
2) Path computation. 
3) Advertisement. 
4) Forwarding table update. 
Again, options for timers configured by the operator determine the duration of the re-routing process 
to a great extent. Operators also have the option to set waiting times between executions of the routing 
algorithm, which conserves processing resources but may lengthen the response to a failure in some 
cases. 

Sub-IP networking technologies, such as SONET rings and MPLS-TE fast re-route, enable 
sub-second restoration from link or router failures. 
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Appendix II 
 

Secondary terminology for IP packet delay variation 
(This appendix does not form an integral part of this Recommendation.) 

II.1 Introduction 
This Recommendation specifies a single primary/normative definition that assesses the variation in a 
set of delays with respect to a reference delay. This appendix provides two informative/secondary 
definitions in the clauses that follow (based on IETF's inter-packet delay variation, and a modification 
of 1-point cell delay variation). This appendix also gives guidance on when each parameter is most 
appropriate, and relates the results of observations with the different parameters. Additional 
comparisons between different forms of delay variation are detailed in [IETF RFC 5481]. 

There are two additional approaches to quantifying delay variation: 
1) A parameter based on [b-IETF RFC 3393] that ascertains the inter-packet delay variation. 
2) A parameter similar to the 1-point cell delay variation described in [b-ITU-T I.356], which 

assesses the packet arrival spacing at a single interface with respect to an ideal arrival interval. 

Note that [b-ITU-T I.356] included two different variation definitions, both 2-point and 1-point. 

The [ITU-T Y.1541] IP performance objectives for PDV are in terms of the normative 2-point packet 
delay variation parameter in this Recommendation. 

II.2 Definition of inter-packet delay variation 
[b-IETF RFC 3393] defines delay variation as follows: 
– A definition of the IPDV can be given for packets inside a stream of packets. 
– The IPDV of a pair of packets within a stream of packets is defined for a selected pair of 

packets in the stream going from measurement point MP1 to measurement point MP2. 
– The IPDV is the difference between the one-way-delay of the selected packets. 
A selection function unambiguously determines the pair of packets used in each calculation of the 
delay variation metric. Only packets that arrive successfully are used in IPDV calculations. 

The first selection function defined is for adjacent packets in the stream. The 1-way delay of the 
current packet has the 1-way delay of the previous packet subtracted from it to determine the current 
packet's IPDV. If either of the packets in the pair (or both) is lost, then the IPDV is undefined. 

Another important example is the selection function that produces an equivalent delay variation 
assessment to the 2-point PDV parameter defined in clause 6.2.4. The pair of packets always includes 
the current packet and the packet with the minimum 1-way delay in the stream. The 2-point PDV for 
all arriving packets is calculated by subtracting the minimum delay from their 1-way delay values 
(the reference delay is the minimum delay). 

II.3 Definition of 1-point packet delay variation 
The fundamental notion of a 1-point delay variation parameter is the comparison between the actual 
arrival pattern and the intended (usually periodic) arrival pattern. Some variations of this definition 
include a "skipping clock" adjustment (when cells or packets arrive late/behind their ideal arrival 
time), as in [b-ITU-T I.356]. The definition below does not implement the skipping clock feature, 
since there is no clear bias if the reference pattern is established arbitrarily. 

The 1-point PDV (yk) for packet k at an MP is the difference between the packet's reference arrival 
time (ck) and actual arrival time (ak) at the MP: yk  ck  ak. The reference arrival time pattern (ck) is 
defined as follows: 
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where T is ideal packet spacing. 

Positive values of 1-point PDV ("early" packet arrivals) correspond to packet clumping; negative 
values of 1-point PDV ("late" packet arrivals) correspond to gaps in the packet stream. 

II.4 Guidance on applying the different parameters 
Guidance that serves the practical side of measurement is as follows: 
– When synchronized clocks are not possible (or temporarily unavailable) in measurement 

devices: 
1) 1-point packet delay variation (1-point PDV) is a possible substitute for 1-way delay 

range/histogram, applicable for measurements on packet streams with periodic sending 
times (once the reference arrival time is appropriately set). 

2) IP performance metrics (IPPM) inter-packet delay variation is applicable to all traffic 
flow types. 

3) When clock error is stable, the ITU-T Y.1540 2-point PDV can be calculated and used. 
– When synchronized clocks are available in measurement devices: 

1) The ITU-T Y.1540 PDV 1-way delay range/histogram calculation is useful for a range 
of assessment tasks, including assessment of de-jitter buffer size. 

2) IPPM inter-packet delay variation adds a parameter with sensitivity to 
sequential/short-term variation and some immunity to route changes. 

The inter-packet metric, IPDV, defined by the IETF IPPM working group (WG), is similar to the 
calculation of inter-arrival jitter measurement in real-time control protocol (RTCP) reports. RTP gives 
the calculation of inter-arrival jitter in clause 6.4 of [b-IETF RFC 3550], with a sample 
implementation in an appendix. Although there are some differences in method (RTCP inter-arrival 
jitter uses order of arrival, as opposed to sending sequence with IPDV), there should be a favorable 
comparison between a "smoothed jitter" computed using IPDV singletons and the RTCP reports of 
jitter in many circumstances (if many packets were reordered, the results would probably not agree). 
It would be valuable to have a parameter that can be related to measurements made by user's 
endpoints. The IPDV metric with adjacent packet pairs is also less susceptible to route changes during 
a measurement interval, where the effect would only be observed in measurement pairs spanning the 
route change. 

A positive attribute of 1-point PDV is its simplicity. The capability of assessing periodic streams 
within a single network element is highly advantageous. 

A point that must be made clear in all variation parameter specifications is the effect of packet length. 
Since insertion time is included in transfer delay (first-bit to last-bit), packets with varying size have 
an inherent delay variation. Network specifications and tests should use packets with a single size to 
simplify interpretation of the results (and the size must be recorded). 
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Appendix III 
 

Rate and throughput capacity related parameters 
(This appendix does not form an integral part of this Recommendation.) 

This appendix, which is for further study, presents metrics and techniques for assessing the rate and 
aspects of the throughput capacity of IP networks. The specific proposal for a throughput probe that 
appeared in previous versions of this Recommendation has been deleted, since some of the 
assumptions about maximum TCP window size settings and packet sizes are no longer realistic. The 
open study questions are still valuable, and have been retained. 

III.1 Definition of IP packet rate parameters 
Two types of rate parameters are currently envisaged. One parameter measures rate in terms of rate 
of successfully transmitted IP packets; another parameter is octet-based and measures the rate in terms 
of the octets that have been transmitted in those packets. 

III.1.1 IP packet rate (IPPR) 
For a given population of interest, the IP packet rate (IPPR) at an egress MP is the total number of IP 
packet transfer reference events observed at that egress MP during a specified time interval divided 
by the time interval duration (equivalently, the number of IP packet transfer reference events per 
service-second). 

III.1.2 Octet-based IP packet rate (IPOR) 
For a given population of interest, the octet-based IP packet rate (IPOR) at an egress MP is the total 
number of octets transmitted in IP packets that result in an IP packet transfer reference event at that 
egress MP during a specified time interval divided by the time interval duration (equivalently, the 
number of octets in the IP packets resulting in IP packet reference events per service-second). 

III.2 References for throughput parameters and measurements 
Throughput parameter definitions are considered controversial because the measurements have many 
dependencies and results from different measurement techniques may not be comparable. 
[b-IETF RFC 3148] provides the IETF's guidance on the development of metrics of this class. The 
authors wisely point out that, in order to capture the flow-control aspects of a particular measurement 
tool, the areas normally left flexible in a protocol must be tightly specified to measure BTC. 

At present, the IETF IPPM working group is developing fundamental definitions for network 
capacity. It is hoped that measurement methods having relevance to this topic of throughput capacity 
will follow. 

III.3 Open issues 
The following questions can be investigated with a directed test programme. Answers to these 
questions would affirm or contradict the usefulness of throughput probes in assessing network 
capacity: 
– Is IP packet loss really greater for throughput probes than for isolated IP packets? 
– Is IP packet loss for throughput probes really larger than the packet loss during a streaming 

application that sustains an equivalent source rate for long periods of time? Is the upper bound 
so high as to be useless in predicting long-term performance of streaming applications? 
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– Is the throughput corruption ratio really an upper bound on corrupted TCP windows? Is the 
upper bound so high as to be useless in calculating long-term TCP performance? 

– Since throughput probes do not have slow start operation, is there any substantial risk to other 
applications from infrequent testing with throughput probes? 
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Appendix IV 
 

Tests of IP service availability state and sampling 
estimation of IP service availability parameters 

(This appendix does not form an integral part of this Recommendation.) 

This appendix, which is for further study, describes a tests for determining whether an IP service, a 
basic section or an NSE is in the available state or the unavailable state. In a future version, it will 
provide methods for sampling estimation of the IP service availability parameters. 

IV.1 Minimal test of IP service availability state (for test methodologies and test sets) 
Clause 7.1 requires that at least Mav packets be used to evaluate the availability state. Test 
methodologies and test sets should attempt at least Mav packets spread throughout a Tav interval of 
time. For end-user generated traffic, successive Tav intervals of time might be concatenated until the 
requirement of at least Mav ingress events is fulfilled. This is for further study. 

The following describes the minimum amount of effort that is necessary to decide the availability 
state during a single Tav interval of time. Repeated applications of this test are necessary in order to 
determine the PIA and the PIU. This minimum test of IP service availability is applicable to test 
methodologies and test sets; some requirements for end-user generated traffic are presented in 
clause 7.1. Any other test of IP service availability that (statistically) performs at least as well as this 
test is an acceptable test of IP availability. This test of IP availability is applicable end-to-end or in 
the specific-ingress case for a basic section or an NSE. 
– Step 1: Determine the SRC and the DST. 
– Step 2: Position test sets or activate test scripts at the appropriate measurement points. 
– Step 3: At a predetermined time, start sending Mav IP packets distributed over the time 

duration Tav. 
– Step 4: If the number of lost packet outcomes is greater than c1  Mav then the IP service is 

unavailable over the Tav interval of time. 
– Step 5: If the IP service (basic section or NSE) is not declared unavailable as per the results 

of step 4, then it is available over this Tav interval of time. 

The minimal test provides an unknown level of confidence depending on the size of the sample, Mav, 
so the following test is preferred. 

IV.2 Test of IP service availability state (using sequential probability ratio test) 
This clause describes a non-parametric test, which makes no assumption of the underlying 
distribution on losses, relies on the sequential probability ratio test (SPRT) to determine whether the 
c1 loss threshold has been exceeded with a pre-determined level of error. SPRT also allows the tester 
to stop testing when a much lower loss ratio has been observed over a specified number of packets 
and time. The outcome may also be indeterminate, in which case further testing is warranted. SPRT 
was first applied in [b-Morton] to evaluate packet loss ratios and associated with target rates in 
Internet testing. 

For the null hypothesis, H0, we set the probability of loss (or defects) equal to c1 = p0 = 0.20. We also 
set the loss ratio for the alternate hypothesis, H1, at p1 = 0.05. Finally, the Type I and II errors are 
alpha = beta = 0.001. 

SPRT equations [b-Montgomery], [b-Wald] follow: 

  acceptance line  (1) 
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  rejection line  (2) 

where increases linearly over all packets sent, and 

  alpha
beta

 (3) 

 

  beta
alpha

 (4) 

 

   (5) 

 

   (6) 

 

for p0 and p1 as defined in the null and alternative hypotheses, above. 

Using the equations above, calculate the minimum number of packets needed to accept H0 when x 
defects are observed, for example x=0 (no losses). 

 

   (7) 

 

   (8) 

 

With c1 = p0 = 0.20 used as the H0 level, p0 =0.05 for alternative H1 and errors at 0.001, it is found 
that at least 41 packets are needed to prefer H1 (with zero loss), and observing 9 losses in these 41 
packets would result in a preference for H0. 

Figure IV.1 shows the results from the R tool [b-Rdev] operating with the [b-CVST] package installed 
using the values above. 
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Figure IV.1 – Example of sequential probability ratio testing 

Figure IV.1 illustrates that at least 41 packets are needed to prefer H1 (with zero loss), and observing 
9 losses in these 41 packets would result in a preference for H0. 

IV.3 Alternate test of statistical significance to determine IP service availability 
[ITU-T Y.1540] determines the IP service to be available during a measurement interval if the IPLR 
for that interval is smaller than a threshold c1. Since a packet is either successfully transmitted or lost, 
the packet loss can be modeled by a binomial distribution. 

The null hypothesis H0 is that the IP service is available during the measurement interval. H0 is 
assumed to be true, if the average packet loss during the measurement interval is below or equal c1 
(the z-test deems the IP service to be available if the packet loss rate equals c1). The one hypothesis 
H1 is, that the IP service is unavailable during the measurement interval (packet loss > c1 during the 
measurement interval). A z-test is proposed to decide whether H0 or H1 is supported through 
measurement. Following [b-C-298], take the confidence level to be 95% (meaning the significance 
level =0.05). 

The test consists of one sample compared against a threshold, c1. The threshold mean 0 = c1 and its 
variance applicable for the test is  = c1 * (1 - c1). 
The number of packets n = packetstransmitted + packetsdropped. The average packet loss ratio then is 
xmean = packetsdropped / n. 

The test statistic for a threshold text is zavailable = sqrt(n) * (xmean − 0) / . 

With the z-value for a confidence level of 95% and =0.05 for a single sided test, H1 (IP service is 
unavailable during the measurements) is accepted if zavailable > 1.645. 

With the z-value for a confidence level of 99.9% and =0.001 for a single sided test, H1 (IP service 
is unavailable during the measurements) is accepted if zavailable > 3.09. 
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IV.4 Sampling estimation of IP service availability 
Random samples of the availability state using the minimum test above may be sufficient for 
estimating PIA and PIU. In order to estimate the duration of contiguous time in an available or an 
unavailable state, sampling must be much more frequent. [b-ITU-T X.137] provides procedures for 
ITU-T X.25/ITU-T X.75 networks that might also be suitable for IP service. 
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Appendix V 
 

Material relevant to IP performance measurement methods 
(This appendix does not form an integral part of this Recommendation.) 

This appendix, which is for further study, will describe important issues to consider as IP performance 
measurement methods are developed. It will describe the effects of conditions external to the sections 
under test, including traffic considerations, on measured performance. 

The following conditions should be specified and controlled during IP performance measurements: 
1) Exact sections being measured: 

• SRC and DST for end-to-end measurements; 
• MP bounding an NSE being measured. 

NOTE – It is not necessary to measure between all MP pairs or all SRC and DST pairs in order to characterize 
performance. 
2) Measurement time: 

• how long samples were collected; 
• when the measurement occurred. 

3) Exact traffic characteristics: 
• rate at which the SRC is offering traffic; 
• SRC traffic pattern; 
• competing traffic at the SRC and DST; 
• IP packet size. 

4) Type of measurement: 
• in-service or out-of-service; 
• active or passive. 

5) Summaries of the measured data: 
• means, worst-case, empirical quantiles; 
• summarizing period: 

– short period (e.g., one hour); 
– long period (e.g., one day, one week, one month). 
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Appendix VI 
 

Background on IP service availability 
(This appendix does not form an integral part of this Recommendation.) 

VI.1 Introduction 
This appendix gives the rationale for the current IP service availability function definition in clause 7. 
The purpose is to provide additional background information and aid the appreciation for this 
complex and important topic. 

VI.2 Background 
There are many ways to define availability, and many perspectives that translate into evaluation using 
a range of sensitivities and time-scales. This Recommendation uses a simple, adequate definition 
(from a network operator's perspective) that specifies the minimum evaluation conditions. In order to 
understand why the IP service availability function is sufficient, an understanding of the causes of 
unavailability is needed. 

Figure VI.1 shows a Venn diagram where the universe is all service time. The body of this 
Recommendation notes that IP service providers may identify maintenance intervals where service 
availability is not guaranteed. Thus, the service time universe is usually different from the universe 
of all time. 

Universe of all service time

Available Unavailable

IPSLB

Poor performance
The IP service
availability function
is important here.
Performance such
that most users deem
service unavailable.

Not
accessible
(link/port
outages)

Not accessible,
not continuous

Not
continuous

(routing failure)

ITU-T Y.1541 Class n-compliant

Not
compliant

 

Figure VI.1 – Illustration of service time as a Venn diagram 

We indicate that service time is divided in two main categories: available time (on the left) and 
unavailable time (on the right). Note that the relative sizes are not to scale, since available time is 
usually much larger than unavailable time. 
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VI.3 Definitions of the regions in Figure VI.1 
Unavailable time is composed of the following regions: 
– Not accessible: The service user is unable to communicate with the IP network because of 

failure in the access network transport or network elements. The access link itself or router 
interface failure are common causes. Packet loss ratio is typically 100%, and this failure will 
often take much longer than 1 minute to correct. Maintenance forces should be almost 
immediately alerted to the failure by fault management systems. 

– Not continuous: The service user is unable to communicate with the desired destination 
because of a failure in IP network global routing information. The user may be able to 
communicate with some destinations, but not the desired destination. Packet loss ratio is 
typically 100% and this failure will often take much longer than 1 minute to correct. 

– Not accessible, not continuous: The service user is unable to communicate while both of 
the above conditions exist simultaneously. 

– Poor performance: The service user is unable to communicate reliably with the desired 
destination. The packet loss ratio is 20% or greater, and the user will deem the service 
unavailable for communicating with almost any form of IP network application. When 
congestion is the primary cause for this level of packet loss, end-to-end flow control should 
be activated to alleviate it (as provided in TCP). 

Available time is composed of the following regions: 
– [ITU-T Y.1541] class n-compliant: The service user is able to communicate with the desired 

destination and the packet transfer performance is compliant with the objectives of the agreed 
class. Evaluation of this state is usually conducted in 1-minute intervals. Note that any user 
application will have specific capacity needs; the ability to support a traffic contract (as 
defined in [b-ITU-T Y.1221]) must also be considered. 

– Not compliant: The service user is able to communicate with the desired destination, but the 
packet transfer performance does not meet one or more of the objectives of the agreed class. 
Evaluation of this state is usually conducted in 1-minute intervals. 

– IP packet severe loss block (IPSLB): The service user is able to communicate with the 
desired destination, but the packet transfer performance does not meet one or more of the 
objectives of the agreed class. Specifically, the loss ratio is sufficient to determine that an 
IPSLB has occurred (provisionally defined as more than 20% loss in a 10-second interval). 

VI.4 Summary 
It is observed that the criteria of the IP service availability function are only important in the poor 
performance region, and that the unavailable time contributed by this region is small compared to the 
other causes of unavailability. Therefore, the evaluation of state based on loss alone, and the criteria 
provisionally agreed for state evaluation (1 minute, 20% loss), are deemed sufficient. 
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Appendix VII 
 

Packet performance parameters for estimation  
and optimization of stream repair techniques 

(This appendix does not form an integral part of this Recommendation.) 

VII.1 Introduction 
IP-layer performance parameters have many uses, with network monitoring and trouble identification 
being one class of use. The parameters are also used as the basis of service level agreements (SLA). 
Both the aforementioned uses describe packet transfer as a characterization of the network which 
provided the UNI-UNI transport. 

There is a second perspective: IP-layer performance parameters also characterize networks in terms 
which can be relevant to the application designer. Although many of the parameters used in network 
monitoring are useful to application designers, there are likely to be unique parameters for each use 
case. Figure VII.1 illustrates the two different perspectives, or use cases for IP performance 
parameters. 

Recommendation ITU-T Y.1540 defines performance and availability parameters for IP-based 
networks. It defines primary and secondary packet transfer outcomes and a range of packet 
performance parameters based on these outcomes, including the IP service availability function. 

This version of Recommendation ITU-T Y.1540 builds on the fundamental definitions and concepts 
to standardize a new set of normative stream repair performance parameters. The objective of the new 
parameters is to provide information relevant to the design and configuration of higher-layer 
(application-layer) techniques to compensate for packet loss due to various causes (including errors 
and delay variation). Thus, the design and/or optimization and performance estimation of application-
stream repair techniques should be simplified if these new metrics for packet performance assessment 
meet their goal. 

This appendix begins with a short background on application-layer stream repair techniques. It then 
goes on to offer a very simple model intended to be applicable to many different repair techniques. 

 

Figure VII.1 – Two different use cases for IP performance parameters 
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The usual procedure is to introduce new metrics as informative appendices, so that potential users 
have the opportunity to evaluate them prior to their incorporation as normative parameters in the body 
of the Recommendation. These new metrics have followed the informative-first path to incorporation 
in Recommendation ITU-T Y.1540. In its studies, ITU-T has considered many contributions detailing 
experience with the stream repair performance parameters that serves as the foundation for their 
promotion to normative status. 

VII.2 Short description of application-layer stream repair techniques 
There are three main types of application-layer techniques to compensate for packet transport 
impairments. We focus on continuous real-time or near-real-time applications (audio, video) that are 
non-elastic – information delivery must take place according to a predetermined time schedule, and 
not the class of elastic data transfer applications usually served by TCP and its reliable octet stream 
transfer services. 

Forward error correction (FEC): This is a technique where streams of packets are organized into 
blocks prior to transfer. There are calculations performed on each block, and overhead packets added 
to the stream which the receiver can use to reproduce some fraction of the packets in the block if they 
are lost, or successful but delayed, or corrupted in transport. Typical overhead represents 5% to 20% 
of the information block. In an ideal FEC scheme, the number of lost packets that can be corrected is 
equal to the number of overhead packets. The key aspects of this scheme are: 
• The size of the information block, in packets and time; 
• The amount of overhead packets relative to the information block, which approximately 

represents the corrective capability of the scheme. 

Automatic repeat-request (ARQ): In this technique, there is a reverse communication channel 
available where the receiver, having detected that specific individual packets are lost, delayed, or 
corrupted, can request retransmission (this is referred to as a selective ARQ). The lost packets are re-
sent in time for them to take their place as the information is passed to higher layers for decoding and 
play-out. TCP has sometimes been modified to serve non-elastic streams in the role of ARQ. There 
is a waiting time for determining whether packets are simply delayed or lost, and this is similar to the 
information block used in FEC schemes. There may also be a limit on retransmitted packets which 
can accompany the primary stream in any time interval, and this is parallel to the overhead of FEC 
schemes. The ARQ technique can retransmit a number of lost packets in a block, equal to its limit on 
retransmission overhead. Note that the retransmitted packets will represent overhead on a subsequent 
block of information packets, but the concept still applies. 

Thus, the ARQ and FEC techniques can both be described using the same basic variables of 
information block size and maximum repairable size. 

Application-layer error concealment: This is a technique where decoders attempt to compensate 
for lost or corrupted information, using a variety of application-specific techniques, some of which 
have been standardized. The applicability of the simple model (derived below) to this class of 
techniques is for further study. 

VII.3 Simple model of application-layer stream repair techniques 
Each stream of application-layer packets is modelled as containing two categories of packets: 
1) time intervals, TI, or blocks, b, of information packets; 
2) overhead packets, or the maximum repairable packets, x, associated with the information 

block. 

The challenge to the repair technique designer is to choose the information block size in combination 
with the (maximum) amount of overhead packets that will be sufficient to compensate for a high 
percentage of packet network impairments (loss, excessive delay, and corruption), while working 
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within the overall packet transfer capacity limits of the system and delivering sufficient quality in the 
application stream. 

The new performance parameters (described in clause 6.10) should aid these decisions. 

VII.4 Example of performance parameters to characterize stream repair variables 
Figure VII.2 below gives an example of the stream repair parameter calculations, where b = 9 packets 
and x = 3 packets. 

 

Figure VII.2 – Illustration of stream repair performance parameter 

VII.5 Discussion of parameter measurement and usage 
When attempting to estimate the performance of a repair system with unknown block alignment, the 
time intervals, TI, or blocks, b, may be overlapping to allow assessment of different interval vs. 
impairment alignments (sliding interval analysis). There is an issue with using a single fixed, non-
overlapping interval for performance estimation and analysis, that the actual information block + 
overhead may experience worse performance owing to the difference in alignment. 

There are two approaches to characterizing packet streams to determine the optimum combination of 
stream repair variables: 
1) using (multiple) arbitrarily-established packet intervals (in terms of time or number of 

packets), as done above; 
2) counting intervals of consecutive impaired packets and intervals of unimpaired packet 

transfers. 

The approach of counting consecutive intervals appears to have flexibility not available with 
evaluation based on fixed intervals; it can determine the actual size of impaired/un-impaired intervals 
in a stream and does not suffer from the interval alignment issue. However, summary parameters 
describing impaired/unimpaired interval lengths are independent from the actual sequence in which 
they occurred. This sequence of changes between impaired intervals and unimpaired intervals may 
be important. Also, the consecutive interval counting approach requires some way to evaluate whether 
the x threshold has been crossed, as this is essential to the definition of an impaired outcome. If more 
than one value of x is to be evaluated, then multiple passes through stored data may be needed. 

In either case, the results can be expressed as probability or cumulative distributions over the 
dependent and independent variables, as the example below shows (Figure VII.3). 
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Figure VII.3 – Example plot of stream repair parameter results for a range of block sizes, 
where x is fixed, packet size is fixed 

VII.6 Additional considerations 
Although network characterization using the parameters defined above may be useful, the application 
repair system details should be known to begin to predict the quality delivered to users. FEC and 
ARQ techniques produce different packet loss patterns when operating beyond their ability to perform 
complete loss correction. The typical block sizes associated with each technique are different, with 
ARQ often characterized by larger block sizes. 

FEC schemes organize the information block and overhead packets in different ways (sometimes 
called one-dimensional or two-dimensional forms) with less sophisticated schemes having more 
sensitivity between the exact pattern of losses and their ability to correct the losses. The performance 
margin between simple FEC schemes and the ideal performing scheme predicted by the parameters 
above should be known to the designer and taken into account. 

Some applications may use chains of the various techniques described above. For example, a system 
might use FEC or ARQ in combination with application-layer error concealment. In another example, 
there could be FEC used in one part of the path, with ARQ or a different FEC used in another part of 
the path, and finally employing application-layer error concealment. 

Finally, the short-term performance parameters defined above may be useful in troubleshooting by 
helping to identify the signatures of network problems, but this is for further study. 
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Appendix VIII 
 

IP-layer capacity framework 
(This appendix does not form an integral part of this Recommendation.) 

VIII.1 Introduction 
This appendix provides further information related to the capacity metrics defined in clause 6.11. 

Knowing how much IP-layer capacity is available in real-time across an IP network (congested or 
not) is valuable information to the network operators and to the application users. This parameter can 
be used for network optimization, network monitoring, troubleshooting, server or gateway selection, 
load balancing, admission control, congestion control or to verify the service level agreement (SLA) 
of a guaranteed or business class service offering across a network provider. 

Several methods and tools for measuring the IP-layer available section capacity have been developed, 
mainly as part of academic projects. Examples of such tools include BART, pathChirp, Pathload and 
Spruce. Literature describing the tools is publically available on the Internet. 

VIII.2 Terminology and relation to IETF RFC 5136 
The terms "available capacity" and "available bandwidth" are used interchangeably in the literature. 
[IETF RFC 5136] provides a discussion on terminology, mainly whether to use the word capacity or 
bandwidth for describing IP characteristics. [IETF RFC 5136] proposes to use the term capacity, and 
in order to harmonize with IETF, the term capacity is also used in Recommendation ITU-T Y.1540. 

[IETF RFC 5136] defines capacity-related parameters similar to what is defined in clause 6.11. 
However, one major difference between the ITU-T and IETF definitions is that Recommendation 
ITU-T Y.1540 takes into account that network hosts may affect IP-layer capacity parameter values. 
This is not covered by [IETF RFC 5136], but it has been up for discussion in IETF. The ITU-T Y.1540 
parameters are defined over basic sections which inherently take into account the capacity of both 
links and hosts in that section. 

Table VIII.1 provides a mapping between the parameters that constitutes the definitions in clause 6.11 
and the definitions in [IETF RFC 5136]. 

Table VIII.1 – Parameter mapping between ITU-T Y.1540 and IETF RFC 5136 

ITU-T Y.1540 clause 6.11 IETF RFC 5136  

IP-layer bits transferred IP-layer Bits 
IP-layer section capacity IP-type-P Link Capacity 
IP-layer used section capacity IP-type-P Link Usage 
IP-layer section utilization IP-type-P Link Utilization 
IP-layer available section capacity IP-type-P Available Link Capacity 
IP-layer NSE capacity IP-type-P Path Capacity 
IP-layer available NSE capacity IP-type-P Available Path Capacity 
IP-layer tight section capacity Not defined 
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VIII.3 Items for further study 
The definitions of capacity parameters in this Recommendation do not explicitly address multipoint 
paths; however, this is identified as an item for further study. 

Discuss and identify methods of measurement that fulfil requirements from operators in terms of 
measurement accuracy, speed and overhead. 

Is there a way of introducing a system for identification of the IP-layer tight link? 

For future methods of measurement, policing functions cause packet loss, and this form of limitation 
may require a different method of assessment from methods that rely on packet dispersion. 
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Appendix IX 
 

Explanation of TCP-based measurement inadequacy 
to meet normative requirements 

(This appendix does not form an integral part of this Recommendation.) 

IX.1 Introduction 
Readers of this Recommendation may find it useful to understand the implications of the normative 
requirements in clause 6.12 when considering measurement methodologies, especially those based 
on available implementations of the TCP protocol. While TCP-based measurements are considered 
useful for informative surveys of user experience, they do not constitute the basis for standard metrics, 
methods of measurement or numerical objectives. Comparison of TCP protocol with the requirements 
of clause 6.12 in this appendix clarifies its status as a measurement method. 

IX.2 Comparison with normative requirements 
The requirements in clause 6.12 are organized in two numbered lists. The first requirement list is for 
all parameters, and the second list is for parameters that assess the ability to sustain a given IP packet 
transfer rate.  

For the first list of requirements (all parameters): 
1) Regarding the required accounting for packet delivery into the network and successful 

transfer: Some versions of TCP may make available the count of retransmitted segments 
during a connection (through a management interface), but retransmissions are based on the 
adaptive retransmission time out (RTO), not on whether the packets were actually lost, or are 
acknowledged after the time out expires, or whether an ACK was lost following successful 
delivery. TCP receivers do not distinguish whether the original or retransmitted (or both) 
packets arrive successfully. Furthermore, different TCP congestion control algorithms vary 
in their methods to achieve fairness to other flows and throughput, resulting in a larger 
number of lost packets when aggressive algorithms are used, or resulting in unnecessarily 
lower sending rates when packet losses are incorrectly interpreted as a signal of congestion 
(note the fixed mapping of packet loss interpreted as congestion in TCP flow control). 

2) Regarding the required ability to measure partial paths: TCP's congestion control is highly 
sensitive to round-trip-time (RTT) in non-linear and sometimes unexpected ways. Thus, a 
TCP-based measurement on a partial path (EL or NS) will not typically predict the 
performance of a complete path, and TCP's dependence on RTT is one key reason. 

For the list of requirements for assessment of sustained packet rate: 
1) Regarding the required description of the traffic pattern offered to the network: 

TCP slow-start and congestion avoidance phases determine the sending pattern, and these 
patterns vary widely according to the conditions on the path, especially the presence of 
cross-traffic and characteristics of any bottlenecks encountered. Thus, the pattern is difficult 
or impossible to constrain or predict with TCP's flow control operating. 

2) Regarding the requirement to limit traffic rate to less than the capacity of connecting links: 
TCP's flow control continues to test for available capacity, assuming that conditions may 
change. It is not practical to limit a TCP sender to an exact capacity using the parameters 
available, partly due to the variation of RTT during the life of a TCP connection. In other 
words, TCP can always send traffic at a rate that exceeds connecting links. 
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All difficulties caused by TCP flow control are further exacerbated by operating multiple 
simultaneous TCP connections, each independently evaluating their connection on the same path. 

In conclusion, the transport protocol is determined and implemented in user hosts, and outside the 
purview of IP-based packet transfer service providers. Standard assessments of the service provider 
performance should avoid the contribution of layers that are chosen by others and must meet the 
normative requirements of clause 6.12. 
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Recommendation ITU-T Y.1541 

Network performance objectives for IP-based services 
 

 

 

Summary 

This Recommendation defines classes of network quality of service (QoS) with objectives for 
Internet Protocol network performance parameters. Two of the classes contain provisional 
performance objectives. These classes are intended to be the basis for agreements among network 
providers, and between end users and their network providers.  

Appendix I provides information about how asynchronous transfer mode (ATM) might support IP 
layer performance. Appendix II discusses alternatives for defining IP delay variation. Appendix III 
presents the hypothetical reference paths (HRP) against which the ITU-T Y.1541 QoS objectives 
were tested for feasibility. Appendix IV gives example computations of packet delay variation. 
Appendix V discusses issues that must be considered whenever IP measurements are made. 
Appendix VI describes the relationship between this Recommendation and the IETF-defined 
mechanisms for managing QoS. Appendix VII gives estimates of speech transmission quality for the 
hypothetical reference paths of Appendix III. Appendix VIII discusses digital television transport on 
IP networks. Appendix IX estimates transmission control protocol (TCP) file transfer performance 
on paths conforming to ITU-T Y.1541 objectives. Appendix X gives example calculations for 
combining delay variation measurements from multiple sections to estimate user network interface 
to user network interface (UNI-UNI) performance, and Appendix XI estimates the packet loss 
requirement for digital circuit emulation. 
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FOREWORD 

The International Telecommunication Union (ITU) is the United Nations specialized agency in the field of 
telecommunications, information and communication technologies (ICTs). The ITU Telecommunication 
Standardization Sector (ITU-T) is a permanent organ of ITU. ITU-T is responsible for studying technical, 
operating and tariff questions and issuing Recommendations on them with a view to standardizing 
telecommunications on a worldwide basis. 

The World Telecommunication Standardization Assembly (WTSA), which meets every four years, 
establishes the topics for study by the ITU-T study groups which, in turn, produce Recommendations on these 
topics. 

The approval of ITU-T Recommendations is covered by the procedure laid down in WTSA Resolution 1. 

In some areas of information technology which fall within ITU-T's purview, the necessary standards are 
prepared on a collaborative basis with ISO and IEC. 
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Recommendation ITU-T Y.1541 

Network performance objectives for IP-based services 

1 Introduction and Scope 

1.1 Introduction 
Customers require network performance levels that, when combined with their hosts, terminals, and 
other devices, satisfactorily support their applications. The adoption of IP-based network services 
[IETF RFC 791] has not changed this fact, except that networks must be constrained in terms of 
packet transfer performance parameters (as defined in [ITU-T Y.1540]). 

Traditional application performance requirements are well-understood, but several key contributors 
are often beyond the network service provider's control (e.g., home networks, LAN, application 
gateways, terminals, hosts, and other customer devices). We note that objectives on the 
performance of customer equipment are available, such as [ITU-T P.1010] for VoIP terminals and 
gateways, and combining these objectives with specific network performance levels (as appendices 
of this Recommendation illustrate), a view of application performance can be directly related to 
network performance. 

In response, service providers have agreed on network performance levels that they will work 
together to meet, and have codified the numerical objectives in this Recommendation. Agreement 
on levels of network performance is highly beneficial, because it constrains a critical and often 
dominating factor in application performance [ITU-T I.350]. 

The objectives are organized in sets called network quality of service (QoS) classes (in Table 1) that 
can be matched with well-designed customer equipment to satisfactorily support various 
applications (as indicated in Table 2). Classes with provisional objectives are found in Table 3. The 
number of classes has been deliberately kept small to simplify the engineering of paths traversing 
multiple operators' networks, so the objectives in each class must satisfy the needs of multiple 
applications. Readers of this Recommendation should plan for at least eight classes when 
considering protocol fields and values, since future expansion of the classes is possible. 

The objective values result from analysis of key applications such as conversational telephony, 
multimedia conferencing, reliable data exchange using TCP, and digital television, in concert with 
network feasibility analysis. The appendices provide significant, detailed testimony as to how the 
objectives in the network QoS classes can be used to determine the end-to-end (application) quality 
provided. Another factor in the development of objective values has been network feasibility. When 
paths span wide geographical distances, very long propagation times will prevent low delay 
objectives from being met, thus additional classes are required to address these cases. 

It is important to clarify how designers of new applications should make use of the ITU-T Y.1541 
classes. Designers should consider the packet performance objectives as representative of well-
managed IP-based networks and include mitigations for these impairment levels in their designs. 
Only after application requirements have been carefully rationalized and a range of impairment 
mitigations have been examined, should new QoS classes be considered to address unmet 
requirements. 

The network QoS classes form an important link in the chain of developments required to assure 
end-to-end performance. They are part of the lexicon for QoS negotiation among users and 
networks, especially when signalling protocols communicate QoS requests on a dynamic basis.  
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Verification that the service meets network objectives is another key area of customer interest. This 
has been addressed here through recommended evaluation intervals, packet payload sizes, and other 
aspects useful to measurement designers. In addition, the UNI-UNI objectives are directly verifiable 
by users, in contrast with objectives that apply to non-user interfaces or utilize information 
unknown to customers, such as route distance. 

1.2 Scope 
This Recommendation specifies network (UNI-UNI) IP performance values for each of the 
performance parameters defined in [ITU-T Y.1540]. The specific performance values vary, 
depending on the network QoS class. This Recommendation defines eight network QoS classes, 
two of which are provisional. This Recommendation applies to international IP network paths 
(UNI-UNI). The network QoS classes defined here are intended to be the basis of agreements 
between end-users and network service providers, and between service providers. The classes 
should continue to be used when static agreements give way to dynamic requests supported by QoS 
specification protocols. 

The QoS classes defined here support an extremely wide range of applications, including the 
following: conversational telephony, multimedia conferencing, digital video, and interactive data 
transfer. Designers of new user applications should first consider using the existing QoS classes, 
and possibly include technologies to mitigate packet transfer impairments in their design. If one or 
more packet transfer requirements is not satisfied, then a new class may be considered rather than 
modifying the current/stable classes. However, any desire for new classes must be balanced with the 
requirement of feasible implementation, and the number of classes must be small for 
implementations to scale in global networks. Thus, the extent of user application coverage may 
expand over time, and readers of this Recommendation are urged to consult the latest version, 
including the appendices.  

Since the QoS classes have been developed to support user applications, their numerical objectives 
are likely to support the same applications on networks using alternate technologies or 
combinations of technologies, providing that the fundamental transfer unit has a one-to-one 
correspondence with IP packets as used here (no fragmentation), and that the overhead of the 
alternate technology is a non-substantial addition to the IP header (e.g., multi-protocol label 
switching (MPLS) label and Ethernet frame overhead). 

The QoS objectives are primarily applicable when access link speeds are at the T1 or E1 rate and 
higher. This limitation recognizes that IP packet serialization time is included in the definition of IP 
packet transfer delay (IPTD), and that sub-T1 access rates can produce serialization times of over 
100 ms for packets with 1500 octet payloads. Also, this Recommendation effectively requires the 
deployment of network QoS mechanisms on access devices in order to achieve the IP packet delay 
variation (IPDV) objective, especially when the access rate is low (e.g., T1 rate). Network designs 
may include lower access rates if: 
1) Network planners understand the effect of additional serialization time on the user network 

interface (UNI) to UNI objective for IPTD. 
2) QoS mechanisms limit the access contribution to IPDV, and the UNI to UNI objective for 

IPDV is met. The current IPDV objective is necessary to achieve high quality application 
performance, as Appendices III and VII clearly show. 

This Recommendation provides the network QoS classes needed to support user-oriented QoS 
categories. Accordingly, this Recommendation is consistent with the general framework for 
defining quality of communication services in [ITU-T G.1000], and with the end-user multimedia 
QoS categories needed to support user applications given in [ITU-T G.1010]. 
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NOTE – This Recommendation utilizes parameters defined in [ITU-T Y.1540] that can be used to 
characterize IP services that are provided using IPv4 and IPv6. [ITU-T Y.1540] was used as the foundation 
of MPLS performance parameters in [ITU-T Y.1561] and Ethernet service performance parameters in 
[ITU-T Y.1563]. Applicability or extension to other protocols is for further study. 

2 References 
The following ITU-T Recommendations and other references contain provisions which, through 
reference in this text, constitute provisions of this Recommendation. At the time of publication, the 
editions indicated were valid. All Recommendations and other references are subject to revision; 
users of this Recommendation are therefore encouraged to investigate the possibility of applying the 
most recent edition of the Recommendations and other references listed below. A list of the 
currently valid ITU-T Recommendations is regularly published. The reference to a document within 
this Recommendation does not give it, as a stand-alone document, the status of a Recommendation. 

[ITU-T E.651]  Recommendation ITU-T E.651 (2000), Reference connections for traffic 
engineering of IP access networks.

[ITU-T G.1000]  Recommendation ITU-T G.1000 (2001), Communications Quality of Service: 
A framework and definitions. 

[ITU-T G.1010]  Recommendation ITU-T G.1010 (2001), End-user multimedia QoS categories. 

[ITU-T I.350]  Recommendation ITU-T I.350 (1993), General aspects of quality of service 
and network performance in digital networks, including ISDNs. 

[ITU-T P.1010]  Recommendation ITU-T P.1010 (2004), Fundamental voice transmission 
objectives for VoIP terminals and gateways. 

[ITU-T Y.1221]  Recommendation ITU-T Y.1221 (2010), Traffic control and congestion control 
in IP-based networks. 

[ITU-T Y.1231]  Recommendation ITU-T Y.1231 (2000), IP Access Network Architecture. 

[ITU-T Y.1540]  Recommendation ITU-T Y.1540 (2011), Internet protocol data communication 
service – IP packet transfer and availability performance parameters. 

[ITU-T Y.1561]  Recommendation ITU-T Y.1561 (2004), Performance and availability 
parameters for MPLS networks. 

[ITU-T Y.1563]  Recommendation ITU-T Y.1563 (2009), Ethernet frame transfer and 
availability performance.  

[IETF RFC 791] IETF RFC 791 (1981), Internet Protocol, DARPA Internet Program Protocol 
Specification. 

3 Abbreviations, acronyms and conventions 

3.1 Abbreviations and acronyms 
This Recommendation uses the following abbreviations and acronyms: 

AF  Assured Forwarding 

ATM  Asynchronous Transfer Mode 

BBER  Background Block Error Ratio 

BE  Best-Effort 

CBR  Constant Bit Rate 

CDV  Cell Delay Variation 
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CER  Cell Error Ratio 

CLR  Cell Loss Ratio 

CMR  Cell Misinsertion Ratio 

CS  Circuit Section 

DBW  Dedicated Bandwidth 

DS  Differentiated Services 

DST  Destination host 

EF  Expedited Forwarding 

ESR  Errored Second Ratio 

FEC/I  Forward Error Correction and Interleaving 

FIFO  First-In, First-Out 

FTP  File Transfer Protocol 

GW  Gateway 

HRE  Hypothetical Reference Endpoint 

HRP  Hypothetical Reference Path 

IP  Internet Protocol 

IPDV  IP packet Delay Variation 

IPER  IP packet Error Ratio 

IPLR  IP packet Loss Ratio 

IPOT  Octet based IP packet Throughput 

IPPT  IP Packet Throughput 

IPRE  IP packet transfer Reference Event 

IPRR  IP packet Reordering Ratio  

IPTD  IP packet Transfer Delay 

ISP  Internet Service Provider 

LL  Lower Layers, protocols and technology supporting the IP layer 

LP  Loss Period 

LAN  Local Area Network 

MP  Measurement Point 

MPLS  Multi-Protocol Label Switching 

MPLS-FRR MPLS-Fast Re-Route  

MTBA  Mean Time Between visible Artefacts 

MTBISO Mean Time between IP Service Outages 

MTTISR Mean Time to IP Service Restoral 

NS  Network Section 

NSE  Network Section Ensemble 

NSP  Network Service Provider 
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OSPF  Open Shortest Path First 

PDB  Per Domain Behaviour 

PDH  Plesiochronous Digital Hierarchy 

PHB  Per Hop Behaviour 

PIA  Percent IP service Availability 

PIU  Percent IP service Unavailability 

PLC  Packet Loss Concealment 

QoS  Quality of Service 

R  Router 

RSVP  Resource Reservation Protocol 

RTP  Real-Time Transport Protocol 

RTT  Round Trip Times 

SACK  Selective Acknowledgements 

SBW  Statistical Bandwidth 

SDH  Synchronous Digital Hierarchy 

SESR  Severely Errored Second Ratio 

SPR  Spurious Packet Ratio 

SRC  Source host 

TC  Transfer Capability 

TCP  Transmission Control Protocol 

TDMA  Time Division Multiple Access 

TE  Terminal Equipment 

ToS  Type of Service 

TS  Transport Stream 

TTL  Time To Live 

UDP  User Datagram Protocol 

UNI  User Network Interface 

VoIP  Voice over Internet Protocol 

VTC  Video Teleconference 

3.2 Conventions 
E1  Digital hierarchy transmission at 2.048 Mbit/s 

E3  Digital hierarchy transmission at 34 Mbit/s 

Mav  The minimum number of packets recommended for assessing the availability state 

N  The number of packets in a throughput probe of size N 

pkt  IP datagram (IP packet) 

T1  Digital hierarchy transmission at 1.544 Mbit/s 
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T3  Digital hierarchy transmission at 45 Mbit/s 

Tav  Minimum length of time of IP availability; minimum length of time of IP 
unavailability 

Tmax  Maximum IP packet delay beyond which the packet is declared to be lost 

4 Transfer capacity, capacity agreements, and the applicability of QoS classes 
This clause addresses the topic of network transfer capacity (the effective bit rate delivered to a 
flow over a time interval), and its relationship to the packet transfer quality of service (QoS) 
parameters defined in [ITU-T Y.1540], and the objectives specified here. 

Transfer capacity is a fundamental QoS parameter having primary influence on the performance 
perceived by end users. Many user applications have minimum capacity requirements; these 
requirements should be considered when entering into service agreements.  

It is assumed that the user and network provider have agreed on the maximum access capacity that 
will be available to one or more packet flows in a specific QoS class (except the Unspecified class). 
A packet flow is the traffic associated with a given connection or connectionless stream having the 
same source host (SRC), destination host (DST), class of service, and session identification. Other 
documents may use the terms microflow or subflow when referring to traffic streams with this 
degree of classification. Initially, the agreeing parties may use whatever capacity specifications they 
consider appropriate, so long as they allow both network provider enforcement and user 
verification. For example, specifying the peak bit rate on an access link (including lower layer 
overhead) may be sufficient. The network provider agrees to transfer packets at the specified 
capacity in accordance with the agreed QoS class. 

When the protocols and systems that support dynamic requests are available, the user will negotiate 
a traffic contract. Such a contract specifies one or several traffic parameters (such as those defined 
in [ITU-T Y.1221], or RSVP) and the QoS class, and applies to a specific flow. 

The network performance objectives may no longer be applicable when there are packets submitted 
in excess of the capacity agreement or the negotiated traffic contract. If excess packets are 
observed, the network is allowed to discard a number of packets equal to the number of excess 
packets. Such discarded packets must not be included in the population of interest, which is the set 
of packets evaluated using the network performance parameters. In particular, discarded packets 
must not be counted as lost packets in assessing the network's IP packet loss ratio (IPLR 
performance). A discarded packet might be retransmitted, but then it must be considered as a new 
packet in assessing network performance. 

It is a network privilege to define its response to flows with excess packets, possibly based on the 
number of excess packets observed. When a flow includes excess packets, no network performance 
commitments need be honoured. However, the network may offer modified network performance 
commitments. 

5 Network performance objectives 
This clause discusses objectives for the user information transfer performance of public IP services. 
These objectives are stated in terms of the IP layer performance parameters defined in 
[ITU-T Y.1540]. A summary of the objectives can be found in Table 1 together with its associated 
general notes. All values in Table 1 are stable. 
NOTE – From a users' perspective, network QoS objectives contribute to only part of the transmission 
performance (e.g., mouth-to-ear quality in voice over IP). Appendix VII provides pointers to the appropriate 
Recommendations in this area. 
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5.1 General discussion of QoS 
The QoS class definitions in Table 1 present bounds on the network performance between user 
network interfaces (UNI). As long as the users (and individual networks) do not exceed the agreed 
capacity specification or traffic contract, and a path is available (as defined in [ITU-T Y.1540]), 
network providers should collaboratively support these UNI-to-UNI bounds for the lifetime of the 
flow. 

The actual network QoS offered to a given flow will depend on the distance and complexity of the 
path traversed. It will often be better than the bounds included with the QoS class definitions in 
Table 1. 

Static QoS class agreements can be implemented by associating packet markings (e.g., Type of 
Service precedence bits or Diff-Serv Code Point) with a specific class.  

Protocols to support dynamic QoS requests between users and network providers, and between 
network providers, are under study. When these protocols and supporting systems are implemented, 
users or networks may request and receive different QoS classes on a flow-by-flow basis. In this 
fashion, the distinct performance needs of different services and applications can be communicated, 
evaluated, and acknowledged (or rejected, or modified). 

5.2 Reference path for UNI to UNI QoS 
Flows contain one or more packets and each packet in a flow follows a specific path from UNI to 
UNI. 
NOTE – The phrase "End-to-End" has a different meaning in Recommendations concerning user QoS 
classes, where end-to-end means, for example, from mouth to ear in voice quality Recommendations. Within 
the context of this Recommendation, end-to-end is to be understood as from UNI-to-UNI. 

The UNI-to-UNI performance objectives are defined for the IP performance parameters 
corresponding to the IP packet transfer reference events (IPRE). The UNI-to-UNI IP performance 
objectives apply from user network interface-to-user network interface in Figure 1. The 
UNI-to-UNI IP network path includes the set of network sections (NS) and inter-network links that 
provide the transport of IP packets transmitted from the UNI at the SRC side to the UNI at the DST 
side; the protocols below and including the IP layer (layer 1 to layer 3) may also be considered part 
of an IP network. Network sections (defined in [ITU-T Y.1540]) are synonymous with operator 
domains, and may include IP access network architectures as described in [ITU-T E.651] and 
[ITU-T Y.1231]. The reference path in Figure 1 is an adaptation of the ITU-T Y.1540 performance 
model. 
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TE TEER

Network section

End-to-end IP network (network QoS) 

Network section Network section

Customer installation

User-to-user connection (teleservice QoS)

TE

ER

Terminal equipment Protocol stack

LAN LAN

IP network cloud
(may be comprised of network sections

belonging to one or more network operators)

UNI UNI

UNI

ER ER ER ER ER

DSTSRC

Edge router

Customer installation

User network interface

... ...

NOTE – Customer Installation equipment (shaded area) is for illustrative purposes only.  

Figure 1 – UNI-to-UNI reference path for network QoS objectives 

The customer installation includes all terminal equipment (TE), such as a host and any router or 
LAN if present. There will be only one human user in some applications. It is important to note that 
specifications for TE and the user-to-user connection are beyond the scope of this 
Recommendation. The edge routers that connect with the terminal equipment may also be called 
access gateways. 

Reference paths have the following attributes: 
1) IP clouds may support user-to-user connections, user-to-host connections, and other 

endpoint variations.  
2) Network sections may be represented as clouds with edge routers on their borders, and 

some number of interior routers with various roles. 
3) The number of network sections in a given path may depend upon the class of service 

offered, along with the complexity and geographic span of each network section. 
4) The scope of this Recommendation allows one or more network sections in a path. 
5) The network sections supporting the packets in a flow may change during its life. 
6) IP connectivity spans international boundaries, but does not follow circuit switched 

conventions (e.g., there may not be identifiable gateways at an international boundary if the 
same network section is used on both sides of the boundary). 

5.3 Network QoS classes 
This clause describes the currently defined network QoS classes. Each network QoS class creates a 
specific combination of bounds on the performance values. Any flow that satisfies all the 
performance objectives of a QoS class can be considered fully compliant with the normative 
recommendations of this Recommendation for that class. This clause includes guidance as to when 
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each network QoS class might be used, but it does not mandate the use of any particular network 
QoS class in any particular context. 

Table 1 – IP network QoS class definitions and 
network performance objectives 

Network
performance 

parameter 

Nature of 
network

performance 
objective

QoS Classes 

Class 0 Class 1 Class 2 Class 3 Class 4 
Class 5 

Unspecified

IPTD Upper bound on 
the mean IPTD 
(Note 1) 

100 ms 400 ms 100 ms 400 ms 1 s U 

IPDV Upper bound on 
the 1 − 10–3 
quantile of IPTD 
minus the 
minimum IPTD 
(Note 2) 

50 ms 
(Note 3)

50 ms 
(Note 3)

U U U U 

IPLR Upper bound on 
the packet loss 
probability 

1 × 10–3 
(Note 4)

1 × 10–3 
(Note 4)

1 × 10–3 1 × 10–3 1 × 10–3 U 

IPER Upper bound 1 × 10–4 (Note 5) U 

General notes: 
The objectives apply to public IP networks. The objectives are believed to be achievable on common IP 
network implementations. The network providers' commitment to the user is to attempt to deliver packets 
in a way that achieves each of the applicable objectives. The vast majority of IP paths advertising 
conformity with [ITU-T Y.1541] should meet those objectives. For some parameters, performance on 
shorter and/or less complex paths may be significantly better. 
An evaluation interval of 1 minute is suggested for IPTD, IPDV, and IPLR and, in all cases, the interval 
must be recorded with the observed value. Any minute observed should meet these objectives. 
Individual network providers may choose to offer performance commitments better than these objectives. 
"U" means "unspecified" or "unbounded". When the performance relative to a particular parameter is 
identified as being "U", ITU-T establishes no objective for this parameter and any default ITU-T Y.1541 
objective can be ignored. When the objective for a parameter is set to "U", performance with respect to 
that parameter may, at times, be arbitrarily poor. 
NOTE 1 – Very long propagation times will prevent low end-to-end delay objectives from being met. In 
these and some other circumstances, the IPTD objectives in classes 0 and 2 will not always be achievable. 
Every network provider will encounter these circumstances and the range of IPTD objectives in Table 1 
provides achievable QoS classes as alternatives. The delay objectives of a class do not preclude a network 
provider from offering services with shorter delay commitments. According to the definition of IPTD in 
[ITU-T Y.1540], packet insertion time is included in the IPTD objective. This Recommendation suggests a 
maximum packet information field of 1500 bytes for evaluating these objectives. 
NOTE 2 – The definition of the IPDV objective (specified in [ITU-T Y.1540]) is the 2-point IP packet 
delay variation. See [ITU-T Y.1540] and Appendix II for more details on the nature of this objective. For 
planning purposes, the bound on the mean IPTD may be taken as an upper bound on the minimum IPTD 
and, therefore, the bound on the 1 – 10–3 quantile may be obtained by adding the mean IPTD and the IPDV 
value (e.g., 150 ms in class 0). 
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Table 1 – IP network QoS class definitions and 
network performance objectives 

NOTE 3 –This value is dependent on the capacity of inter-network links. Smaller variations are possible 
when all capacities are higher than the primary rate (T1 or E1), or when competing packet information 
fields are smaller than 1500 bytes (see Appendix IV). 
NOTE 4 – The class 0 and 1 objectives for IPLR are partly based on studies showing that high quality 
voice applications and voice codecs will be essentially unaffected by a 10−3 IPLR. 
NOTE 5 – This value ensures that packet loss is the dominant source of defects presented to upper layers, 
and is feasible with IP transport on ATM. 

5.3.1 Nature of the network performance objectives 
The objectives in Table 1 apply to public IP networks, between MPs that delimit the end-to-end IP 
network. The objectives are believed to be achievable on common implementations of IP networks. 

The left-hand part of Table 1 indicates the statistical nature of the performance objectives that 
appear in the subsequent rows. 

The performance objectives for IP packet transfer delay are upper bounds on the underlying mean 
IPTD for the flow. Although many individual packets may have transfer delays that exceed this 
bound, the average IPTD for the lifetime of the flow (a statistical estimator of the mean) should 
normally be less than the applicable bound from Table 1. 

The performance objectives for 2-point IP packet delay variation (defined in [ITU-T Y.1540]) are 
based on an upper bound on the 1 − 10–3 quantile of the underlying IPTD distribution for the flow. 
The 1 − 10–3 quantile allows short evaluation intervals (e.g., a sample with 1000 packets is the 
minimum necessary to evaluate this bound). Also, this allows more flexibility in network designs 
where engineering of delay buildout buffers and router queue lengths must achieve an overall IPLR 
objective on the order of 10–3. Use of lower quantile values will result in under-estimates of de-jitter 
buffer size, and the effective packet loss would exceed the overall IPLR objective (e.g., an upper 
quantile of 1 − 10–2 may have an overall packet loss of 1.1%, with IPLR = 10–3). Other statistical 
techniques and definitions for IPDV are being studied as described in Appendix II, and 
Appendix IV discusses IPDV performance estimation. 

The performance objectives for the IP packet loss ratios are upper bounds on the IP packet loss for 
the flow. Although individual packets will be lost, the underlying probability that any individual 
packet is lost during the flow should be less than the applicable bound from Table 1. 

Objectives for less-prevalent packet transfer outcomes and their associated parameters are for 
further study, such as the spurious packet ratio (SPR) defined in [ITU-T Y.1540]. 

5.3.2 Evaluation intervals  
The objectives in Table 1 cannot be assessed instantaneously. Evaluation intervals produce subsets 
of the packet population of interest (as defined in [ITU-T Y.1540]). Ideally, these intervals are: 
• Sufficiently long to include enough packets of the desired flow, with respect to the ratios 

and quantiles specified. 
• Sufficiently long to reflect a period of typical usage (flow lifetime), or user evaluation. 
• Sufficiently short to ensure a balance of acceptable performance throughout each interval 

(intervals of poor performance should be identified, not obscured within a very long 
evaluation interval). 

• Sufficiently short to address the practical aspects of measurement. 
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For evaluations associated with telephony, a minimum interval of the order of 10 to 20 seconds is 
needed with typical packet rates (50 to 100 packets per second), and intervals should have an upper 
limit on the order of minutes. A value of 1 minute is suggested and, in any case, the value used must 
be recorded with the observed value, along with any assumptions and confidence intervals. Any 
minute observed should meet the IPTD, IPDV, and IPLR objectives of Table 1. Minimally 
acceptable estimation methodologies are intended for future revisions of this Recommendation.  

Methods to verify achievement of the objectives are for further study. Either continuous or 
non-continuous evaluation may be used. One possible method of measurement is given in 
[b-IETF RFC 3432], where the requirement for random measurement start times and evaluation 
intervals of finite length result in a non-continuous evaluation.  

5.3.3 Packet size for evaluation 
Packet size influences the results for most performance parameters. A range of packet sizes may be 
appropriate since many flows have considerable size variation. However, evaluation is simplified 
with a single packet size when evaluating IPDV, or when the assessment is targeting flows that 
support constant bit rate sources. Therefore, a fixed information field size is recommended. 
Information fields of either 160 octets or 1500 octets are suggested, and the field size used must be 
recorded. Also, an information field of 1500 octets is recommended for performance estimation of 
IP parameters when using lower layer tests, such as bit error measurements. 

5.3.4 Unspecified (unbounded) performance 
For some network QoS classes, the value for some performance parameters is designated "U". In 
these cases, ITU-T sets no objectives regarding these parameters. Network operators may 
unilaterally elect to assure some minimum quality level for the unspecified parameters, but ITU-T 
does not recommend any such minimum. 

Users of these QoS classes should be aware that the performance of unspecified parameters can, at 
times, be arbitrarily poor. However, the general expectation is that mean IPTD will be no greater 
than 1 second. 
NOTE – The word "unspecified" may have a different meaning in Recommendations concerning B-ISDN 
signalling. 

5.3.5 Discussion of the IPTD objectives 
Very long propagation times will prevent low UNI-to-UNI delay objectives from being met, e.g., in 
cases of very long geographical distances, or in cases where geostationary satellites are employed. 
In these and some other circumstances, the IPTD objectives in classes 0 and 2 will not always be 
achievable. It should be noted that the delay objectives of a class do not preclude a network 
provider from offering services with shorter delay commitments. Any such commitment should be 
explicitly stated. See Appendix III for an example calculation of IPTD on a global route. Every 
network provider will encounter these circumstances (either as a single network, or when working 
in cooperation with other networks to provide the UNI-to-UNI path), and the range of IPTD 
objectives in Table 1 provides achievable network QoS classes as alternatives. Despite different 
routing and distance considerations, related classes (e.g., classes 0 and 1) would typically be 
implemented using the same node mechanisms. 

According to the definition of IPTD in [ITU-T Y.1540], packet insertion time is included in the 
IPTD objectives. This Recommendation suggests a maximum packet information field of 
1500 bytes for evaluating the objectives. 

5.3.6 Guidance on class usage 
Table 2 gives some guidance for the applicability and engineering of the network QoS classes. 
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Table 2 – Guidance for IP QoS classes 

QoS class Applications (examples) Node mechanisms Network techniques 

0 Real-time, jitter sensitive, high 
interaction (VoIP, VTC)  Separate queue with 

preferential servicing, traffic 
grooming 

Constrained routing 
and distance 

1 Real-time, jitter sensitive, 
interactive (VoIP, VTC). 

Less constrained 
routing and distances 

2 Transaction data, highly 
interactive (Signalling) 

Separate queue, drop priority 

Constrained routing 
and distance 

3 Transaction data, interactive  Less constrained 
routing and distances 

4 Low loss only (short 
transactions, bulk data, video 
streaming) 

Long queue, drop priority Any route/path 

5 Traditional applications of 
default IP networks  

Separate queue (lowest 
priority) 

Any route/path 

NOTE – Any example application listed in Table 2 could also be used in class 5 with unspecified 
performance objectives, as long as the users are willing to accept the level of performance prevalent 
during their session. 

Traffic policing and/or shaping may also be applied in network nodes.  

Table 2 conveys one of the principles of QoS class development, that the requirements of multiple 
applications are addressed by a single set of network performance objectives. This approach keeps 
the number of QoS classes small and manageable. Figure 2 below illustrates the approach of 
satisfying applications with common performance requirements in a single QoS class (for example, 
applications 2, 3, and 4 are all satisfied by QoS classes Y and Y*, where Y* modifies one or more 
performance requirements based on network feasibility). 

. . .

. . .
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Figure 2 – Principle of multiple applications supported by a lesser number of QoS classes 
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With the growing number of user applications, it is important that new applications consider first 
how their requirements are similar to the applications already supported and seek to satisfy their 
requirements using one of the existing QoS classes. 

5.3.7 Provisional network QoS classes 
This clause presents a set of provisional network QoS classes. The distinction between these classes 
(see Table 3) and those in Table 1, is that the values of all objectives are provisional and they need 
not be met by networks until they are revised (up or down), based on real operational experience. 

In this revision, there is agreement that the applications which provided the original rationale for the 
IPLR in Table 3 have evolved. In at least one case (IPTV) the performance objectives of Table 1 
may now be sufficient (see Appendix VIII). New applications with strict performance needs are 
emerging, and their requirements are for further study. However, the provisional status of the 
classes and numerical objectives in Table 3 remains unchanged in this revision, pending further 
study and agreement. 

Table 3 – Provisional IP network QoS class definitions and 
network performance objectives 

Network
performance 
parameter 

Nature of network 
performance objective 

QoS Classes 

Class 6 Class 7 

IPTD Upper bound on the mean 
IPTD  100 ms 400 ms 

IPDV 
Upper bound on the 1 − 10–5 
quantile of IPTD minus the 
minimum IPTD (Note 1) 

50 ms 

IPLR Upper bound on the packet 
loss ratio 1 × 10–5 

IPER Upper bound 1 × 10–6 
IPRR Upper bound 1 × 10–6 

General notes: 
Evaluation intervals for these classes should be 1 minute or longer. Evaluations should use 1500 byte 
payloads. An evaluation interval of 1 minute is suggested for IPTD, IPDV, and IPLR, and any minute 
observed should meet these objectives. 
One rationale for the IP packet loss ratio (IPLR) objective was to minimize the effect of loss on TCP 
capacity, even when TCP parameters and the operating system have been tuned, and the large windows 
option has been utilized. Appendix IX provides background information on this and other support 
rationales. TCP selective acknowledgements (SACK), multi-path connections, and revised congestion 
control may reduce the loss objective, and they are subjects of further study. 
The value for IPLR specified above, is not sufficient to support all the quality levels envisioned by the 
community of digital video users, and forward error correction and interleaving (FEC/I) or other forms of 
packet loss mitigation are required. Appendix VIII supplies background on the quality expectations of 
video transport users, and multiple forms of packet loss mitigation needed to produce low loss ratios. 
The objective for IP packet error ratio (IPER) was set so as to contribute insignificantly to the overall 
packet loss. 
The IP packet reordering ratio (IPRR) has been defined in [ITU-T Y.1540]. Reordered packets may appear 
as lost to a TCP sender, depending on the distance from their original positions. Therefore, the IPRR was 
set so as to contribute insignificantly to the overall packet loss. 
New performance parameters for stream repair have been agreed and included in [ITU-T Y.1540]; they are 
applicable to the user applications considered in this Table. The role of these new metrics in network QoS 
performance objectives is for further study. 
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Table 3 – Provisional IP network QoS class definitions and 
network performance objectives 

Network
performance 
parameter 

Nature of network 
performance objective 

QoS Classes 

Class 6 Class 7 

The value for IPDV is under study, and contributions are invited to examine the rationale and feasibility of 
other (lower) values. In particular, if this table's scope was restricted to a higher category of access speeds 
than Table 1, then considerably lower IPDV objectives are possible (as Appendix IV shows). 
NOTE 1 – The definition of the IPDV objective (specified in [ITU-T Y.1540] is the 2-point IP packet 
delay variation. See [ITU-T Y.1540] and Appendix II for more details on the nature of this objective. For 
planning purposes, the bound on the mean IPTD may be taken as an upper bound on the minimum IPTD, 
and therefore the bound on the 1 − 10–5 quantile may be obtained by adding the mean IPTD and the IPDV 
value (e.g., 150 ms in class 6). 

These classes are intended to support the performance requirements of high bit rate user 
applications that have more stringent loss/error requirements than those supported by classes 0 
through 4 in Table 1. 

Discussions of broadcast quality television transport on IP may be found in Appendix VIII. 
Appendix IX estimates TCP file transfer performance on paths conforming to [ITU-T Y.1541] 
objectives. Appendix XI estimates the packet loss requirement for digital circuit emulation. Some of 
these appendices are expected to be revised following further study, and new appendices may be 
added to describe models of new user applications and the estimated performance requirements 
based on those models. 

6 Availability objectives 
This clause will include information about availability objectives based on the availability 
parameter defined in [ITU-T Y.1540]. The objectives require more study, since fundamental 
network design options are rapidly changing. 

7 Achievement of the performance objectives 
Further study is required to determine how to achieve these performance objectives when multiple 
network providers are involved. There are promising standards development activities that are 
intended to complete other aspects needed for UNI-UNI QoS assurance.  

Clause 8 gives the relationships for concatenating the performance levels of two or more network 
sections to determine whether the UNI-UNI objectives are met. 

8 Concatenating network sections and their QoS values 

8.1 Introduction 
This clause addresses the estimation of the UNI-UNI performance of a path, knowing the 
performance of sub-sections. The purpose is to provide standard relationships to compose these 
UNI-UNI estimates.  

These relationships produce reasonably accurate estimates of the UNI-UNI performance. Errors in 
the estimation process are believed to be in balance with potential errors of the individual values 
themselves. When the values come from recent measurements or modelling activities, they can be 
subject to considerable error if conditions are not stationary, or the principal assumption of 
independence between network sections does not hold. 
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These relationships are intended to support accumulation of impairments facilitated by QoS 
signalling protocol(s). They must not be used to support allocation of UNI-UNI values. 

8.2 Composing UNI-UNI values 

8.2.1 Mean transfer delay 
For the mean IP packet transfer delay (IPTD) performance parameter, the UNI-UNI performance is 
the sum of the means contributed by network sections. 

The units of IPTD values are seconds, with resolution of at least 1 microsecond. If lesser resolution 
is available in a value, the unused digits shall be set to zero.  

8.2.2 Loss ratio 
For the IP packet loss ratio (IPLR) performance parameter, the UNI-UNI performance may be 
estimated by inverting the probability of successful packet transfer across n network sections, as 
follows: 

 IPLRUNI-UNI = 1 – { (1 – IPLRNS1) × (1 – IPLRNS2) × (1 – IPLRNS3) × ... × (1 – IPLRNSn) } 

This relationship does not have limits on the parameter values, so it is preferred over other 
approximations, such as the simple sum of loss ratios. All measurements will use the same value of 
Tmax (the waiting time to declare a packet lost). 

The units of IPLR values are lost packets per total packets sent, with a resolution of at least 10–9. If 
a lesser resolution is available in a value, the unused digits shall be set to zero.  

8.2.3 Error packet ratio 
For the IP packet error ratio (IPER) performance parameter, the UNI-UNI performance may be 
estimated by inverting the probability of error-free packet transfer across n network sections, as 
follows: 

 IPERUNI-UNI = 1 – { (1 – IPERNS1) × (1 – IPERNS2) × (1 – IPERNS3) × ... × (1 – IPERNSn) } 

This relationship does not have limits on the parameter values, so it is preferred over other 
approximations, such as the simple sum of packet error ratios. 

The units of IPER values are errored packets per total packets sent, with a resolution of at least 10–9. 
If lesser resolution is available in a value, the unused digits shall be set to zero.  

8.2.4 Relationship for delay variation 
The relationship for estimating the UNI-UNI delay variation (IPDV) performance from the network 
section values, must recognize their sub-additive nature and it is difficult to estimate accurately 
without considerable information about the individual delay distributions. If, for example, 
characterizations of independent delay distributions are known or measured, they may be convolved 
to estimate the combined distribution. This detailed information will seldom be shared among 
operators, and may not be available in the form of a continuous distribution. As a result, the 
UNI-UNI IPDV estimation may have accuracy limitations. Since study continues in this area, the 
estimation relationship given below has been specified on a provisional basis, and this clause may 
change in the future, based on new findings or real operational experience. 

The relationship for combining IPDV values is given below. 

The problem under consideration can be stated as follows: estimate the quantile t of the UNI-UNI 
delay T as defined by the condition: 
  ptT =< )Pr(  
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Step 1 
Measure the mean and variance for the delay for each of n network sections. Estimate the mean and 
variance of the UNI-UNI delay by summing the means and variances of the component 
distributions. 
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Step 2 

Measure the quantiles for each delay component at the probability of interest, 999.0=p . Estimate 
the corresponding skewness and third moment using the formula shown below, where 

090.3999.0 =x  is the value satisfying 999.0)( 999.0 =Φ x , where Φ  denotes the standard normal 

(mean 0, variance 1) distribution function.  
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Assuming independence of the delay distributions, the third moment of the UNI-UNI delay is just 
the sum of the network section third moments.  

  ...321 +ω+ω+ω=ω
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The UNI-UNI skewness is computed by dividing by 3σ  as shown below. 

  3σ
ω=γ  

Step 3 

The estimate of the 99.9-th percentile ( 999.0=p ) of UNI-UNI delay t is as follows.  

  ( )−γ−⋅σ+μ= 21
6 pp xxt  

where 090.3999.0 == xxp . 

As stated earlier, the nature of the IPDV objective is the upper bound on the 1 − 10–3 quantile of 
IPTD minus the minimum IPTD (i.e., the distribution of IPDV is normalized to the minimum 
IPTD). The units of IPDV values are seconds, with a resolution of at least 1 microsecond. If a lesser 
resolution is available in a value, the unused digits shall be set to zero.  

8.3 Impairment accumulation procedures 
There are two principal ways in which the relationships above may be applied to estimate the 
UNI-UNI performance levels. Both are acceptable. 
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When the values from all network sections in the path are available in one place for computation, 
then they should be used in the relationships above as individual values. In a signalling protocol, the 
individual values would be collected from the source to the destination and communicated to the 
entity responsible for computation and action on the result. 

The values may also be accumulated each time a new value is available. In this case, the 
relationships above are used to combine the cumulative estimate with the value from the current 
network (or router, if that is the basis of combination). The calculated estimate becomes the new 
cumulative value, and would be communicated further along the path to the destination. 

9 Security 
This Recommendation does not specify a protocol, and there are limited areas where security issues 
may arise. All are associated with verification of the performance objectives with measurement 
system implementations. 

Measurement systems that assess the performance of networks to determine compliance with 
numerical objectives defined in this Recommendation must limit the measurement traffic to 
appropriate levels to avoid abuse (e.g., denial of service attack). Parties participating in 
measurement activities, including administrations or operators of networks that carry the traffic, 
should agree in advance on acceptable traffic levels. 

Systems that monitor user traffic for the purpose of measurement must maintain the confidentiality 
of user information. 

Systems that attempt to make measurements may employ techniques (e.g., cryptographic hash) to 
determine if additional traffic has been inserted by an attacker appearing to be part of the population 
of interest. 
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Appendix I 

ATM network QoS support of IP QoS 
(This appendix does not form an integral part of this Recommendation.) 

This appendix presents an analysis of mapping IP performance parameters on top of the ATM QoS 
class objectives as specified in [b-ITU-T I.356]. The purpose of this analysis is to estimate IP level 
performance obtained when ATM is used as the underlying transport. Because there are no routers 
considered in this analysis, the IP performance numbers shown here are the best that can be 
expected. In scenarios where intermediate routers exist, the IP performance will be worse. 

Table I.1 – IP packet loss ratio (IPLR) values corresponding to ATM QoS service classes 1 
and 2 (IP packet size 40 bytes; all errored packets are assumed lost) 

ATM QoS class Delivered 
ATM CER 

Delivered 
ATM CLR 

Resulting 
IPLR 

1 
4.00 E-06 

3.00 E-07 4.30 E-06 
2 1.00 E-05 1.40 E-05 

Table I.2 – IP packet transfer delay (IPTD) values for a flow  
over a national portion and an end-to-end flow 

Network portion IPTD resulting from ATM QoS class 1 
(no delay from IP routers) 

National portion ~27.4 ms 
End-to-end 400 ms 

Note that class 0 and class 2 mean IPTD cannot be met on the 27 500 km reference connection 
of [b-ITU-T I.356]. 

The value of the cell error ratio (CER) in the ATM classes is 4 × 10−6. If IP packets are long 
(1500 bytes) and errored cells cause errored IP packets, the value of the IP packet error ratio will be 
about 10−4. 
Cell misinsertion ratio (CMR) is currently specified as 1/day. The implications of CMR on SPR 
requires more study. 
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Appendix II 

IP delay variation parameter definition considerations 
(This appendix does not form an integral part of this Recommendation.) 

This appendix discusses considerations for the definition of IPDV and the use of alternate statistical 
methods for the IPDV objective. 

In order to provide guidance to designers of jitter buffers in edge equipment, the parameter(s) need 
to capture the effects of the following on IPDV: 
• routine congestion in the network (high frequency IPTD variations); 
• TCP windowing behaviour (low frequency IPTD variations); 
• periodic and aperiodic variations in average network loading (low frequency IPTD 

variations); 
• routing update effects on IPTD (instantaneous (and possibly large) changes in IPTD). 
The current definition of IP delay variation is: 

  IPDV = IPTDupper – IPTDmin 
where: 
 IPTDupper is the 1 − 10–3 quantile of IPTD in the evaluation interval; 
 IPTDmin is the minimum IPTD in the evaluation interval. 

The definition of IPDV is based on the reference events given in clause 6.2.2 of [ITU-T Y.1540]. 
Here, the nominal delay is based on the packet with the minimum one-way delay (as an alternative 
to the first packet, or the average of the population as the nominal delay). 

The specification of the 1 − 10–3 quantile (equivalent to the 99.9th percentile) is influenced by the 
size of the packet sample in a 1 minute measurement interval and the IPLR objective ≤10–3, 
resulting in an overall loss ratio objective of about 10–3. Smaller quantiles would add more losses, 
as shown below. 
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Figure II.1 – Effect of different IPDV quantiles on 
overall loss when IPLR = 0.001 

An example alternate definition of IP delay variation is given here. IP delay variation may be 
defined as the maximum IPTD minus the minimum IPTD during a given short measurement 
interval. 

  IPDV = IPTDmax – IPTDmin 
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where: 
 IPTDmax  is the maximum IPTD recorded during a measurement interval; 
 IPTDmin  is the minimum IPTD recorded during a measurement interval. 
Several values of IPDV are measured over a large time interval, comprising several short 
measurement intervals. The 95th percentile of these IPDV values is expected to meet a desired 
objective. This is a simple and fairly accurate method for calculating IPDV in real-time. The actual 
value of the measurement interval is for further study. The measurement interval influences the 
ability of the metric to capture low and high frequency variations in the IP packet delay behaviour. 
 



 

  Rec. ITU-T Y.1541 (12/2011) 21 

Appendix III 

Example hypothetical reference paths for validating 
the IP performance objectives 

(This appendix does not form an integral part of this Recommendation.) 

This appendix presents the hypothetical reference paths considered in validating the feasibility of 
the end-to-end performance objectives presented in clause 5. These hypothetical reference paths 
(HRP) are examples only. The material in this appendix is not normative and does not recommend 
or advocate any particular path architectures. 

Each packet in a flow follows a specific path. Any flow (with one or more packets on a path) that 
satisfies the performance objectives of clause 5 can be considered fully compliant with the 
normative recommendations in the main body of the Recommendation. 

The end-to-end performance objectives are defined for the IP performance parameters 
corresponding to the IP packet transfer reference events (IPREs). The end-to-end IP network 
includes the set of network sections (NS) and inter-network links that provide the transport of IP 
packets transmitted from SRC to DST; the protocols below and including the IP layer (layer 1 to 
layer 3) within the SRC and DST may also be considered part of an IP network. 
NOTE – For information concerning the effects on end-to-end quality as perceived by the user of the delay 
figures given by the presented hypothetical reference paths refer to Appendix VII. 

III.1 Number IP nodes in the HRP 
HRPs have similar attributes to the reference path of clause 5. 

Network sections are defined (in [ITU-T Y.1540]) as sets of hosts together with all of their 
interconnecting links that together provide a part of the IP service between an SRC and a DST, and 
are under a single (or collaborative) jurisdictional responsibility. Network sections are synonymous 
with operator domains. Network sections may be represented as clouds with edge routers on their 
borders, and some number of interior routers with various roles. In this case, HRPs are equivalent to 
the "path digest" of [b-IETF RFC 2330]. 

Each NS may be composed of IP nodes performing access, distribution, and core roles, as illustrated 
in Figure III.1. 
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Figure III.1 – Role of IP nodes in a network section 

Note that one or more routers are needed to complete each role, and the core path illustrated has 
four routers in tandem. A path through an NS could encounter as few as three routers, or as many as 
eight in this example. 

Router contribution to various parameters may vary according to their role. Edge routers generally 
perform one of two roles, as access gateway routers or internetworking gateway routers. 

Table III.1 – Examples of typical delay contribution by router role 

Role Average total delay  
(sum of queueing and processing) Delay variation 

Access gateway 10 ms 16 ms 
Internetworking gateway 3 ms 3 ms 

Distribution 3 ms 3 ms 
Core 2 ms 3 ms 

NOTE – Internetworking gateways typically have performance characteristics different from access 
gateways. 

Route length calculation 
If the distance-based component is proportional to the actual terrestrial distance, plus a proportional 
allowance, for a typical physical-route-to-actual-distance ratio. The route length calculation used 
here is based on [b-ITU-T G.826], and only for the long distances considered here. If Dkm is the air-
route distance between the two MPs that bound the portion, then the route length calculation is: 

• if Dkm > 1200, Rkm = 1.25 × Dkm 

The above does not apply when the portion contains a satellite hop. 
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III.2 Example computations to support end-end class 0 and class 1 delay 

Class X network delay computation (X = 0 through 4) 
This clause calculates the IPTD for any path portion supporting a QoS class X flow. When a flow 
portion does not contain a satellite hop, its computed IPTD is (using the delay for optical transport 
given in [b-ITU-T G.114]): 

 IPTD (in microseconds) ≤ (Rkm × 5) + (NA × DA) + (ND × DD) + (NC × DC) + (NI × DI) 

In this formula: 
• Rkm represents the route length assumption computed above. 

• (Rkm × 5) is an allowance for "distance" within the portion. 

• NA, ND, NC, and NI represent the number of IP access gateway, distribution, core and 
internetwork gateway nodes respectively; consistent with the network section example in 
Figure III.1. 

• DA, DD, DC, and DI represent the delay of IP access gateway, distribution, core and 
internetwork gateway nodes respectively; consistent with the values for class X 
(e.g., Table III.1). 

Maximum IPDV may be calculated similarly. 

As an example of this calculation, consider the following HRP. This path contains two IP networks, 
and an internetworking point. 
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Figure III.2 – Hypothetical reference path for QoS class 0 

Interior router configurations are not shown in the hypothetical reference path (HRP) of 
Figure III.2. The number of core and distribution routers can be found in Table III.2. 

Assumptions: 
1) Distance used is approximately the span between Daytona Beach and Seattle (US Diagonal, 

longer than Lisbon to Moscow). 
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2) Access links are T1 capacity, others are larger than T1 (e.g., OC-3). 
3) Largest packet size is 1500 bytes, and VoIP packet size is 200 bytes. 
4) Non-IP networks are needed between the NI and Access GW. 

Table III.2 – Analysis of example class 0 path 

Element Unit IPTD/ 
Unit Ave IPTD IPDV/ 

Unit Max IPDV 

Distance 4070 km     
Route 5087.5 km  25   
Insertion Time 200 bytes 

(1500 bytes) 
 1 

(8) 
  

Non IP Net 1   15  0 
IP Net 1      

 Access, NA 1 10 10 16 16 

 Distribution, ND 1 3 3 3 3 

 Core, NC 2 2 4 3 6 

 Internetwork GW, NI 1 3 3 3 3 

IP Net 2      

 Access, NA 1 10 10 16 16 

 Distribution, ND 1 3 3 3 3 

 Core, NC 4 2 8 3 12 

 Internetwork GW, NI 1 3 3 3 3 

Non IP Net 2   15  0 

Total, ms  100  62 

Table III.2 gives the HRP configuration in terms of number and type of routers, distance, and 
contribution of all HRP components to delay (IPTD) and delay variation (IPDV). Note that the 
calculation of maximum IPDV here is very pessimistic (assuming the worst case addition of each 
node), and is therefore greater than the specification of IPDV in the body of this Recommendation. 

III.3 Example end-end class 1 delay computation 
Class 1 is available to support longer path lengths and more complex network paths. Using the same 
assumptions as described in Table III.2, but with a 12 000 km distance, the mean IPTD will be 
150 ms, and an R-value of approximately 83 is possible. 

In a second example, we add a transit IP network section, for a total of 3 NS. 
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Table III.3 – Example calculation for class 1 path 

Element Unit IPTD/ 
Unit Ave IPDT IPDV/ 

Unit Max IPDV 

Distance km     
Route 27 500 km  138   
Insertion Time 200 bytes 

(1500 bytes) 
 1 

(8) 
  

Non IP Net 1   15  0 
IP Net 1      

 Access, NA 1 10 10 16 16 

 Distribution, ND 1 3 3 3 3 

 Core, NC 2 2 4 3 6 

 Internetwork GW, NI 1 3 3 3 3 

IP Net 2      

 Distribution, ND 2 3 6 3 6 

 Core, NC 4 2 8 3 12 

 Internetwork GW, NI 2 3 6 3 6 

IP Net 3      

 Access, NA 1 10 10 16 16 

 Distribution, ND 1 3 3 3 3 

 Core, NC 4 2 8 3 12 

 Internetwork GW, NI 1 3 3 3 3 

Non IP Net 2   15  0 
Total, ms   233  86 

Table III.3 gives the HRP configuration in terms of number and type of routers, distance, and 
contribution of all HRP components to delay (IPTD) and delay variation (IPDV). 

III.4 Example computations to support end-end class 4 delay 
Following the form of the calculation above, we can expand the number of NS having delay 
contributions given in Table III.1, or we can expand the contributions as follows: 

Table III.4 – Class 4 delay contribution by router role 

Role Average total delay 
(sum of queueing and processing) 

Access Gateway 200 ms 
Internetworking Gateway 64 ms 
Distribution 64 ms 
Core 3 ms 

Here, with a route length of 27 500 km, the average 1-way delay would be 884 ms (using the HRP 
with node configuration as described in Table III.2). 
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III.5 Loading within the HRP 
The fraction of each transmission link occupied by active packets is one of the factors to be 
considered in the HRPs. The load levels at which the network will continuously operate is another 
factor. 

III.6 Geostationary satellites within the HRP 
The use of geostationary satellites was considered during the study of the HRPs. A single 
geostationary satellite can be used within the HRPs and still achieve end-to-end objectives on the 
assumption that it replaces significant terrestrial distance, multiple IP nodes, and/or transit network 
sections. 

The use of low and medium-Earth orbit satellites was not considered in connection with these 
HRPs. 

When a path contains a satellite hop, this portion will require an IPTD of 320 ms, to account for a 
low earth station viewing angle, low rate TDMA systems, or both. In the case of a satellite 
possessing on-board processing capabilities, 330 ms of IPTD is needed to account for on-board 
processing and packet queueing delays.  

It is expected that most HRPs which include a geostationary satellite will achieve IPTD below 
400 ms. However, in some cases, the value of 400 ms may be exceeded. For very long paths to 
remote areas, network providers may need to make additional bilateral agreements to improve the 
probability of achieving the 400 ms objective.
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Appendix IV 

Example calculations of IP packet delay variation 
(This appendix does not form an integral part of this Recommendation.) 

This appendix provides material to facilitate the calculation of the IP packet delay variation (IPDV) 
for those IP QoS classes where a rather strict value for the IPDV is specified, i.e., IP QoS class 0 
and class 1. 

For the calculations here it is assumed that a network operator provides a choice of different IP QoS 
classes also including QoS classes for which no IPDV objectives are specified. This mix of 
properties motivates the notion of "delay variation-sensitive" flows (e.g., QoS class 0 and class 1) 
and "delay variation-insensitive" flows (e.g., QoS classes 2, 3, 4, and 5). It is further assumed that 
an operator providing such a mix of QoS classes, makes a reasonable effort to separate the 
variation-sensitive from the variation-insensitive flows. Key elements in such an effort consist of a 
packet scheduling strategy and additional traffic control measures. For the calculations in this 
appendix, it is assumed that packets of variation-sensitive flows are scheduled with non-pre-
emptive priority over packets from variation-insensitive flows, and that the scheduling within each 
of these two categories is FIFO. 
NOTE – This simple assumption only serves the purpose to arrive at a 'calculable' model. Other packet 
scheduling strategies (such as weighted fair queueing) or traffic control measures, are not excluded. It is 
further assumed that the performance of other approaches is either better, or not much worse than, the 
performance of the approach used for these calculations. 

IV.1 Contributors to IP packet delay variation 
The following factors are taken into account as the most significant contributors to IP packet delay 
variation (IPDV) for the variation-sensitive flows: 
• Variable delay because the processing delay for the packet's forwarding decision (routing 

look-up) is not a single fixed value but may vary from packet-to-packet. 
• Variable delay because the packet has to wait behind other variation-sensitive packets 

which arrived earlier. 
• Variable delay because the packet has to wait for the service completion of a 

variation-insensitive packet which arrived earlier and is already in service. 

IV.2 Models and calculation procedures to establish an upper bound to the IPDV 

IV.2.1 Delay variation due to routing look-up 
For an arriving packet, the router needs to establish the outgoing port to which the packet is to be 
forwarded, based on the IP address. The time required for this forwarding decision may vary from 
packet-to-packet.  

High performance routers may cache recently used IP addresses to speed-up this process for 
subsequent packets. Then, all packets of a flow, except the first one, are expected to experience a 
short look-up delay and very small variation between them. Though, strictly, the longer delay of the 
first packet contributes to the IPDV, the exceptional delay of the first packet is disregarded in these 
calculations because it is a 'one off' event and its effect will vanish in flows with a relative long 
duration (e.g., a VoIP flow).  

It is expected that the packet-to-packet variation in the routing look-up delay is not more than a few 
tens of microseconds in each router. For the calculations, the variability is assumed to be less than 
30 μs per router. 
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Because there is little information available about the distribution of this delay component, the 
aggregated variability over several routers in tandem is set to the sum of the individual variabilities, 
i.e., statistical effects are not taken into account for this IPDV component. 

IV.2.2 Delay variation due to variation-sensitive packets 
A variation-sensitive packet will have to wait for other variation-sensitive packets to be serviced 
which have arrived earlier (FIFO discipline). Each variation-sensitive flow is modelled as a 
continuous flow of packets with negligible 1-point IP packet delay variation, comparable to the 
concept of 'negligible CDV' used for a CBR stream of ATM cells (see [b-ITU-T E.736]). 

For the calculations, it is further assumed that all variation-sensitive packets have a fixed size of 
1500 bytes. This allows the well-known M/D/1 queueing model (see [b-ITU-T E.736]) to be applied 
for the calculation of this component in the packet delay variation. The fixed service time is 
determined by the assumed fixed packet size (1500 bytes) and the router's output link rate, 
e.g., 80.13 μs on an STM-1 link. 
For the aggregation of this delay component over several routers in tandem, the convolution of the 
relevant delay distributions is to be used, taking into account different output link rates when 
applicable. The lower quantile is assumed to be zero, the higher (1 − 10–3) quantile can be 
approximated accurately using large deviations theory, in particular the Bahadur-Rao estimate as 
worked out in [b-Mandjes]. 

Figure IV.1 illustrates the result of such calculations. It shows the (1 − 10–3) delay variation quantile 
for the aggregated delay component due to interference from variation-sensitive traffic, for different 
load levels of variation-sensitive traffic and for different numbers of router hops in tandem. 
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Figure IV.1 – The (1 − 10–3) quantile of the aggregated queueing delay
component due to variation-sensitive traffic for different levels of the  

variation-sensitive traffic and for different numbers of router  
hops in tandem 
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Figure IV.1 assumes that all links in the network are STM-1 and all links show the same load level 
for variation-sensitive traffic. If one or more links have a higher capacity than STM-1, the resulting 
end-to-end delay will be lower; if some links have a lower capacity, the resulting end-to-end delay 
will be higher. These effects can be calculated (see clause IV.2.4) but cannot easily be reflected in 
Figure IV.1.  

Finally, it is assumed that in a network which supports both variation-sensitive and 
variation-insensitive traffic, the load of variation-sensitive traffic on a link is not more than 50% of 
the link to reflect the observed trend towards 'more data than voice'. Then, from Figure IV.1 it can 
be derived that this delay component contributes no more than about 2.48 ms to the IPDV on the 
path, even if the patch crosses a very high number of 25 STM-1 router hops. 

IV.2.3 Delay variation due to a variation-insensitive packet 
An arriving variation-sensitive packet does not pre-empt the servicing of a variation-insensitive 
packet which arrived earlier. Consequently, the variation-sensitive packet may experience a 
queueing component in each router bounded by the time it takes to serve a variation-insensitive 
packet. 

For the calculation, it is assumed that each variation-sensitive packet experiences a random delay 
due to a variation-insensitive packet which is uniformly distributed between zero and the service 
time of maximum sized (1500 byte) variation-insensitive packets on the relevant output link rate. 
On an STM-1 output link this corresponds to a uniformly distributed delay between 0 and 80.13 μs 
in each router. 

For the aggregation of this delay component over several routers in tandem, the convolution of the 
relevant delay distributions may be used, taking into account different output link rates when 
applicable. The lower quantile is assumed to be zero, the higher (1 − 10–3) quantile can be 
calculated exactly. In most cases a good approximation is achieved by using an approximation by a 
normal (Gaussian) distribution or the worst case, whichever yields the smallest value. The  
(1 − 10–3) quantile is found at (μ + 3.72⋅σ). 

IV.2.4 Aggregated delay variation for variation-sensitive packets 
An upper bound to the IPDV on a HRP is found by adding the values calculated for each of the 
three components in clauses IV.2.1 to IV.2.3.  
NOTE – The resultant calculated value is expected to be higher than the value experienced in a real network. 
The following factors are noted: 
• The addition of three quantile values yields a higher value than the actual delay quantile. 
• The actual size of variation-sensitive packets (such as VoIP packets) is expected to be much smaller 

than the assumed size of 1500 bytes. In addition, the load with variation-sensitive traffic on most 
links is expected to be smaller than the assumed value of 50%. Therefore, the actual queueing delay 
due to interference with variation-sensitive traffic is expected to be smaller than calculated. 

• The actual distribution of variation-insensitive packets (e.g., TCP acknowledgements) also contains 
packets which are (much) smaller than the assumed size of 1500 bytes. In addition, the total load 
(variation-sensitive plus variation-insensitive traffic) on most links is expected to be usually smaller 
than the assumed value of 100%. Therefore, the actual queueing delay due to interference with 
variation-insensitive traffic is expected to be smaller than calculated. 

IV.3 Calculation examples 
The following shows three examples for the calculation of the IPDV induced on a user-to-user HRP 
(see Figure II.1). 
• An example where all links are relatively high speed (STM-1 or higher). 
• An example where the links between customer and network and the links between network 

sections have a lower speed (E3 or T3).  
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• An example where the links between customer and network are low speed 
(e.g., 1.544 Mbit/s, T1).  

IV.3.1 Example with STM-1 links 
In this example, all links are assumed to be STM-1. The HRP between the network interfaces of the 
IP network cloud (see Figure III.2) consists of 12 router hops. Thus, the contributing factors to the 
IPDV on this path can be calculated as follows. 
• Router look-up delay variation (see clause IV.2.1): 12 × 30 μs = 0.36 ms. 
• Queueing delay variation due to variation-sensitive traffic (see Figure IV.1 for 50% load 

and 12 hops STM-1): ≈ 1.36 ms. 
• Queueing delay variation due to variation-insensitive traffic (see clause IV.2.3): 

≈ 9.01 × 80.13 μs = 0.72 ms. 
Thus, the IPDV on this high link rate path can be expected to be smaller than 2.44 ms. 

IV.3.2 Example with E3 interconnecting links 
In this example, all links are assumed to be STM-1 except the user-network links and the link 
between network sections which are assumed to be E3 (34 Mbit/s). The HRP between the network 
interfaces of the IP network cloud (see Figure III.2) consists of 12 router hops, of which 2 hops 
have the lower E3 bit rate. Thus, the contributing factors to the IPDV on this path can be calculated 
as follows. 
• Router look-up delay variation (see clause IV.2.1): 12 × 30 μs = 0.36 ms. 
• Queueing delay variation due to variation-sensitive traffic (for 50% load and 10 hops 

STM-1 plus 2 hops E3): ≈ 2.92 ms. 
• Queueing delay variation due to variation-insensitive traffic (for 10 hops STM-1 plus 2 

hops E3): ≈ 1.19 ms. 
Thus, the IPDV on this mixed link rate path can be expected to be smaller than 4.47 ms. 

IV.3.3 Example with low rate access links 
In this example, all links are assumed to be STM-1 except the user-network links which are 
assumed to be about 1.5 Mbit/s T1. The HRP between the network interfaces of the IP network 
cloud (see Figure III.2) consists of 12 router hops, of which 1 hop has the lower bit rate. In this 
case, the access link contribution is treated separately. The contributing factors to the IPDV on the 
high rate part of this path can be calculated as follows. 
• Router look-up delay variation (see clause IV.2.1): 12 × 30 μs = 0.36 ms. 
• Queueing delay variation due to variation-sensitive traffic (for 50% load and 11 hops 

STM-1): ≈ 1.29 ms. 
• Queueing delay variation due to variation-insensitive traffic (for 11 hops STM-1): 

≈ 8.364 × 80.13 μs = 0.67 ms. 
Thus, the IPDV on this high link core path can be expected to be smaller than 2.32 ms.  

On the access links, the delay contribution due to interference with a variation-insensitive packet 
may be as much as 15.6 ms when two 1500 byte packets are served ahead of a variation-sensitive 
packet (one of these packets may be part of the delay sensitive flow). The contribution to the IPDV 
due to interference with other variation-sensitive flows highly depends on the number of these flows 
and on the actual packet sizes used. 
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Note that the number of variation-sensitive flows, and the related packet size on the low rate access 
link, is determined by applications selected by the end-users. Without some influence, the network 
operator will find himself in a difficult position to commit to a stringent value for the IPDV network 
performance objective in the presence of a low rate access link. 

If the delay-sensitive traffic has constant packet size (each containing 20 ms of G.711 coded voice, 
consistent with Appendix III), and occupies no more than 50% of the access link, then delay can be 
estimated as follows. There may be up to 9 voice flows of 50 packet/s, each 160 byte payload plus 
40 byte RTP, UDP and IP headers (each total 80 kbit/s). 
• Queueing delay variation due to variation-sensitive traffic (for 46.9% load and 1 hop T1), 

using the M/D/1 queueing model shows that the delay contribution, due to those relatively 
small variation-sensitive packets on the access link, is 5.12 ms.  

• Queueing delay variation due to variation-insensitive traffic (for 1 hop T1): 7.81 ms. 

The contribution to the delay variation on the access link thus aggregates to 12.93 ms thus totalling 
to 15.25 ms. The access link contribution thus dominates the IPDV in this case.  

IV.3.4 Example summary and conclusions 
The calculation examples show that a network operator who makes a modest effort to support both 
variation-sensitive and variation-insensitive traffic can commit to rather stringent values for the 
IPDV on a long HRP where all links have a reasonably high rate (e.g., a mix of STM-1 and E3/T3 
or higher). Committing to an IPDV value in the order of 10 ms leaves ample room for additional 
lower rate (E3/T3) links or for an additional network section.  

If a low rate link (1.5 Mbit/s T1, or E1) is present, committing to any low IPDV value becomes 
difficult. The network operator has little or no control over the actual number of variation-sensitive 
flows and the actual packet size of the variation-sensitive packets. Therefore, the IPDV 
commitments made by the network in this case will be dominated by the access link, and will need 
to be considerably larger than 10 ms, as shown in Table 1. On the access link, the end-user has 
control over the number and type of flows designated for a delay sensitive class, and therefore over 
the resulting IPDV. Under the assumption that the access link is only modestly loaded (<50%) with 
variation-sensitive traffic and that the dominant size of those packets will be small compared to the 
1500 byte maximum size, an additional allowance of 20 ms for one low rate access link may be 
sufficient. 
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Appendix V 

Material relevant to IP performance measurement methods 
(This appendix does not form an integral part of this Recommendation.) 

This appendix, which is for further study, will describe important issues to be considered as IP 
performance measurement methods are developed. It will describe the effects of conditions external 
to the sections under test, including traffic considerations, on measured performance. 

The following conditions should be specified and controlled during IP performance measurements: 
1) The exact sections being measured: 

– SRC and DST for end-to-end measurements; 
– MP bounding an NSE being measured; 

NOTE – It is not necessary to measure between all MP pairs or all SRC and DST pairs in order to 
characterize performance. 
2) Measurement time: 

– how long samples were collected; 
– when the measurement occurred. 

3) Exact traffic characteristics: 
– rate at which the SRC is offering traffic; 
– SRC traffic pattern; 
– competing traffic at the SRC and DST; 
– IP packet size. 

4) Type of measurement: 
– in-service or out-of-service; 
– active or passive. 

5) Summaries of the measured data: 
– means, worst-case, empirical quantiles; 
– summarizing period: 

• short period (e.g., one minute); 
• long period (e.g., one hour, one day, one week, one month). 
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Appendix VI 

Applicability of the ITU-T Y.1221 transfer capabilities and IETF 
differentiated services to IP QoS classes 

(This appendix does not form an integral part of this Recommendation.) 

This appendix addresses the applicability of the transfer capabilities defined in [ITU-T Y.1221] in 
support of the ITU-T Y.1541 IP QoS classes. It also specifies the relationship between 
ITU-T Y.1221 transfer capabilities and IETF differentiated services per hop behaviours consistent 
with what is specified in [ITU-T Y.1221]. 

[ITU-T Y.1221] defines three transfer capabilities (TC) called dedicated bandwidth (DBW), 
statistical bandwidth (SBW), and best-effort (BE). Each of the service models specified as part of 
the definitions of the ITU-T Y.1221 transfer capabilities currently specify a set of network 
performance parameters consistent with those specified in Table 1. Transfer capabilities defined in 
[ITU-T Y.1221] can be used to meet the performance objectives of the six QoS classes defined in 
this Recommendation. 

QoS classes 0 and 1 in Table 1 define bounds on both IP packet delay and delay variation, and on 
IP packet loss ratio. The transfer capability of [ITU-T Y.1221] that allows a traffic contract to 
specify bounds on IP packet delay/delay variation and IP packet loss is the dedicated bandwidth 
transfer capability. QoS classes 2, 3 and 4 in Table 1 define bounds on IP packet loss ratio but not 
on IP packet delay variation. The transfer capability of [ITU-T Y.1221] that allows a traffic contract 
to specify bounds on both IP packet loss and delay is under study. QoS class 5 in Table 1 does not 
define bounds on IP packet loss ratio or IP packet delay/delay variation. The transfer capability of 
[ITU-T Y.1221] that does not offer any QoS commitment is the best-effort transfer capability. 
Table VI.1 specifies the mapping between ITU-T Y.1541 QoS classes and ITU-T Y.1221 transfer 
capabilities. 

[ITU-T Y.1221] provides a mapping between the three transfer capabilities it defines and the IETF 
differentiated services per hop behaviours that should be used in networks that use the DiffServ 
architecture. Table VI.1 specifies the mapping between ITU-T Y.1221 transfer capabilities and 
IETF DiffServ per hop behaviours. 

Table VI.1 – Association of ITU-T Y.1541 QoS classes with ITU-T Y.1221 
transfer capabilities and differentiated services PHBs 

Y.1221 transfer 
capabilities

Associated
DiffServ PHBs IP QoS class Remarks 

Best-effort (BE) Default Unspecified 
QoS class 5 

A legacy IP service, when operated on a 
lightly loaded network may achieve a good 
level of IP QoS. 

Delay-sensitive 
Statistical 
Bandwidth 
(DSBW) 

AF QoS classes 2, 3, 4 The IPLR objective only applies to the IP 
packets in the higher priority levels of each 
AF class. 
The IPTD applies to all packets. 

Dedicated 
Bandwidth 
(DBW) 

EF QoS classes 0 and 1  
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Appendix VII 

Effects of network QoS on end-to-end speech transmission
performance as perceived by the user 

(This appendix does not form an integral part of this Recommendation.) 

This appendix gives calculations of end-to-end speech quality using the objectives of ITU-T Y.1541 
network QoS class 0 and class 1 as a starting point. These objectives constrain key contributors to 
application performance that are often dominant in the calculations. When combined with the 
performance of well-designed customer equipment, it is believed that the objectives provided by 
this Recommendation do allow for the achievement of a high end-to-end speech transmission 
performance as perceived by the users. However, the material provided by the G.100-series of 
ITU-T Recommendations should also be taken into account. 

[b-ITU G.107], [b-ITU-T G.108], [b-ITU-T G.109], [b-ITU-T G.113], [b-ITU-T G.114] are the key 
documents required to derive an estimation of the mouth-to-ear speech quality which can be 
achieved with the values of the relevant network QoS class. 

[b-ITU-T G.114] provides end-to-end limits and allocations for mean one-way delay, independent 
of other transmission impairments. The need to consider the combined effects of all impairments on 
overall transmission quality is addressed by [b-ITU-T G.107], the so-called E-model as the common 
ITU-T transmission rating model, which is the recommended ITU-T method for end-to-end speech 
transmission planning. [b-ITU-T G.108] gives detailed examples on how to use the model to assess 
the transmission performance of connections involving various impairments, including delay; and 
[b-ITU-T G.109] maps transmission rating predictions of the model into categories of speech 
transmission quality. Thus, while [b-ITU-T G.114] provides useful information regarding mean 
one-way delay as a parameter by itself, [b-ITU-T G.107] (and [b-ITU-T G.108] and 
[b-ITU-T G.109]) should be used to assess the effects of delay in conjunction with other 
impairments (e.g., distortions due to speech processing). 

Furthermore, [b-ITU-T G.101] (the transmission plan) and related Recommendations are currently 
undergoing a basic revision. 

VII.1 Example VoIP calculations with ITU-T Y.1541 class 0 network performance 
As an example, a telephony hypothetical reference endpoint (HRE) for speech media may be as 
shown below. Information flows from the talker down through the protocol stack on the left, across 
the HRP, and up the protocol stack on the right to the listener (only one sending direction is shown). 

 
Talker  Listener 

ITU-T G.711 coder ITU-T G.711 decoder, Appendix I 
of ITU-T G.711 packet loss 
concealment 

RTP 20 ms payload size 60 ms jitter buffer 
UDP UDP 
IP IP 
 (lower layers)  

Figure VII.1 – Example VoIP hypothetical reference endpoint 

Using the hypothetical reference endpoint in Figure VII.1, endpoint delay is as below. These 
calculations follow from the formulas given in [b-ITU-T G.1020] for overall delay. 
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Table VII.1 – Endpoint delay analysis 

 Delay, ms Notes 

Packet Formation 40 Two times frame size plus 0 look-ahead 
Jitter Buffer, ave. 30 Centre of 60 ms buffer 
Packet Loss Conceal. 10 One PLC "frame" 
Total, ms 80  

The endpoint delay calculated in Table VII.1 is consistent with the objective for an ITU-T P.1010 
category B terminal. If we combine this mean endpoint delay with the class 0 network delay, the 
total average delay for the user-to-user path is 100 + 80 = 180 ms. The example class 0 reference 
path in Appendix III indicates that this delay may be achieved over a distance of 4070 km. 

A 50 ms customer installation (1-way send and receive) is possible with a packet formation time of 
10 ms and a 50 ms de-jitter buffer.  

Table VII.2 – Low delay endpoint delay analysis 

 Delay, ms Notes 

Packet Formation 20 Two times frame size plus 0 look-ahead 
De-Jitter Buffer, ave. 25 Centre of 50 ms buffer 
Packet Loss Conceal. 0 "Repeat Previous" requires no additional delay  
Other Equipment 5  
Total, ms 50  

The endpoint delay calculated in Table VII.2 is consistent with the objective for an ITU-T P.1010 
category A terminal. The class 0 path IPTD and customer installation delays sum to a 1-way 
mouth-to-ear transmission time of 150 ms, satisfying the needs of most applications (as per 
[b-ITU-T G.114]). 

It must be noted that a de-jitter buffer's contribution to mouth-ear delay is based on the average time 
packets spend in the buffer, not the peak buffer size. Packets that encounter the minimum transfer 
delay will wait the maximum time in the de-jitter buffer before being played out as a synchronous 
stream, while the reverse is true for packets with the maximum accommodated transfer delay (these 
packets spend the minimum time in the de-jitter buffer). In this way, the de-jitter buffer 
compensates for transfer delay variations and ensures that packets can be removed according to a 
synchronous play-out clock. [b-ITU-T G.1020] gives a more detailed description of the de-jitter 
buffer and its contribution to overall delay. 

VII.2 Example VoIP calculations with ITU-T Y.1541 class 1 network performance 
Using the same assumptions and the hypothetical reference path endpoint delays of Table VII.1, and 
the class 1 example path from Appendix III, the total average delay for a 27 500 km user-to-user 
path is 233 + 80 = 313 ms. 

VII.3 Speech quality calculations for ITU-T Y.1541 hypothetical reference paths 
It is possible to estimate the speech quality of IP networks using the ITU-T G.107 transmission 
planning tool, also known as the E-model. 

Appendix III gives assumptions and configuration details of calculations for network (UNI-UNI). 
The example endpoint assumptions and delay calculations above include ITU-T G.711 codec, 
packet size, packet loss concealment, de-jitter buffer size, etc. Alternate speech codecs with lower 
bit rates, alternate packet sizes, and other variations are possible. 



 

36 Rec. ITU-T Y.1541 (12/2011)  

Figure VII.2 gives the reference connection for this analysis. 

Y.1541(11)_FVII.2

Side A Side BGateway

ECAN

JB

ITU-T G.711 ITU-T G.7xx

ITU-T G.7xx ITU-T G.711

Gateway

ECAN

JB

0 dBr
Digital

telephone
Digital

telephone

IP packet
network

 

Figure VII.2 – Reference connection 

Table VII.3 gives the E-model parameters used in the analysis. 

Table VII.3 – E-model parameters 

Parameters Model input values 

Symbol Definition ITU-T G.107 
default

Input values Unit 

Nc Electric Circuit Noise Referred to at the 0 dBr point (–70) –70.0 dBm0p 
Pos Room Noise (Send) (35) 35.0 dB(A) 
Por Room Noise (Receive) (35) 35.0 dB(A) 
SLR Send Loudness Rating (8) 8.0 dB 
RLR Receive Loudness Rating (2) 2.0 dB 
Ds D-factor (Send) (3) 3.0  
LSTR Listener's Sidetone Rating (equ.) 18.0 dB 
Nfor Noise Floor (–64) –64.0 dBmp 
STMR Sidetone Masking Rating (15) 15.0 dB 
qdu Quantizing Distortion Units (1) 1.0 units 
T Mean One-Way Delay (0) 150.0 ms 
TELR Talker Echo Loudness Rating (65) 65.0 dB 
WEPL Weighted Echo Path Loss (110) 110.0 dB 
Ta Absolute Delay from (S) to (R)  (0) 150.0 ms 
Tr Round-Trip Delay (0) 300.0 ms 
Ie Equipment Impairment Factor (0) 0.0  
Bpl Packet Loss Robustness Factor (1) 4.8  
Ppl Random Packet Loss Probability (0) 0.0 % 
A Expectation Factor (0) 0.0  
Dr D-factor (Receive) (3) 3.0  

We have assumed the default values for all parameters, except T, Ta, and Tr. The mean absolute 
1-way delay was calculated using 100 ms for network delay (UNI-UNI, conforming to the QoS 
class 0 objective) and 50 ms for the end-terminal, including ITU-T G.711 packetization and de-jitter 
buffer (100 + 50 = 150 ms = T = Ta = Tr/2). Here, R = 89.5. 
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Packet loss also influences speech quality. We include a column below where approximately 0.1% 
loss is combined with a packet loss robustness factor, Bpl = 4.8 when the packet loss concealment 
used with ITU-T G.711 is Repeat 1, followed by silence. When using the PLC in [b-ITU-T G.711 
APP I], we take the packet loss robustness factor, Bpl = 25.1. 

Appendix III also provides calculations showing longer mean network delays, and larger terminal 
delays. Table VII.4 summarizes the findings. 

Table VII.4 – E-model results with ITU-T Y.1541 hypothetical reference 
paths and end-terminals 

Network,
mean 
1-way

delay, ms 

Terminal
mean 
1-way

delay, ms 

Total,
mean 
1-way

delay, ms 

Packet
size, ms 

Packet
loss

conceal.
R, no loss 

R, with 
~0.1%
packet

loss

Y.1541
QoS class 

100 50 150 10 Rpt.1/Sil 89.5 87.6 0 
100 80 180 20 G.711ApI 87.8 87.5 0 
150 80 230 20 G.711ApI 81.9 81.5 1 
233 80 313 20 G.711ApI 71.1 70.7 1 
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Appendix VIII 

Effects of IP network performance on digital television transmission QoS 
(This appendix does not form an integral part of this Recommendation.) 

VIII.1 Introduction 
This appendix details a part of the analysis behind the specification of provisional network QoS 
classes 6 and 7 in Table 3. The objective values were selected in order to support digital television 
transmission. The IP packet loss ratio (IPLR) objective in classes 0 through 4 was insufficient to 
support this application, as stated in the previous version of this appendix.  

VIII.2 Hypothetical reference endpoint (HRE) for high-bandwidth video signals 
It is important to first establish a reference endpoint for video transport. The proposed endpoint is 
based on work done previously by the ATIS T1A1 sub-committee, as well as analysis of typical 
video transport endpoint models spanning both compressed and uncompressed video by the Video 
Services Forum (VSF). There may ultimately be a need to establish more than one HRE to allow 
point-to-point and point-to-multipoint transmission, but this analysis is restricted to the simpler case 
of the point-to-point HRE. 

 
Sender  Receiver 

Video (uncompressed SDI, multi- or 
single-compressed-MPEG-2 stream 
DVB-ASI, etc.), multiple audio 
streams, ancillary data 

Video (uncompressed SDI, multi- or 
single-compressed-MPEG-2 stream 
DVB-ASI, etc.), multiple audio 
streams, ancillary data 

Embedder De-embedder 
Packetizer/Interleaver/FEC FEC-1/De-inteleaver/De-packetizer 
RTP  RTP, Sufficient De-Jitter Buffer 
UDP UDP 
IP IP 
 (Physical Layer)  

Figure VIII.1 – Hypothetical reference endpoint for digital television 

The digital television transport uses an IP network where uncompressed video packets or MPEG-
compressed video packets are encapsulated into either UDP/IP or RTP/UDP/IP. We assume that 
RTP/UDP/IP is the protocol used and that the following protocol overhead applies: 

  IP packet length = (7 × 188-Byte MPEG packets) + RTP/UDP/IP packet overhead 

The following clauses describe three profiles of video services and give a rationale for the 
deployment of error correction mechanisms in IP networks to guarantee the appropriate level of 
quality and reliability. 

VIII.3 Service profiles and end-to-end packet performance requirements
The technical requirements for this appendix will be limited to three service profiles: contribution 
services profile, primary distribution service profile and access distribution service profile. These 
three profiles encompass the vast majority of the video industry's applications and needs. We also 
present the performance requirements for these profiles in terms of packet loss at three different 
viewer quality levels, or hit rates. 
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VIII.3.1 Contribution video services profile 
Contribution services typically have the highest performance and can vary from uncompressed to 
mildly compressed video and audio signals. Contribution connections allow exchange of content by 
a network or its affiliates for further use, e.g., for bringing signals back from fixed, temporary, or 
remote locations to the studio for editing or immediate rebroadcast. In those scenarios, for long-haul 
applications, terrestrial fibre, microwave or satellite infrastructure endpoint connections can be 
utilized. 

Contribution can also mean the outbound delivery of signals from the main network studio to 
network affiliates for rebroadcasting and typically employs satellite or long-haul terrestrial network 
services. Today, these outbound connections are provided by way of fixed or on-demand private 
leased lines (fibre), or in certain, less-extensive applications, ATM services offering DS-3, OC-3, 
or OC-12 bandwidth. 

In addition to those real-time applications, sometimes IP services are used for non-real-time file 
exchange between video and audio servers and for monitoring and control of remote systems. As 
the same user may use their IP service for contribution video and file transfer, the contribution 
service profile also easily accommodates file transfer and remote control.  

VIII.3.2 Primary distribution video service profile 
Distribution means delivery of video and audio content either directly to the consumer or to cable 
head-ends for transmission through a cable television plant. In these applications, typically a lower 
signal quality (lower data rates) is needed, as little additional signal processing will be applied. 
Traditionally for these applications, terrestrial or satellite services are used. There are two types of 
distribution signals, primary and access. Primary distribution connections are feeds from the local 
affiliate to the cable head-end or to the television transmission tower, and ordinarily, these 
connections are comparable to, or slightly lower in quality than, contribution connections. Primary 
distribution may be provided by satellite, short-haul terrestrial microwave, or fibre optic connection. 
Access distribution involves the delivery of the content from the cable head-end to the final 
consumer over the cable television plant or through the air in the form of a broadcast emission from 
the television transmitter tower antenna. The VSF recommends that 40 Mbit/s represent the bit rate 
of this type of service. 

VIII.3.3 Access distribution service profile 
Access distribution service profile is defined as TV services currently being delivered by cable and 
satellite networks. Since the quality achieved by these networks is somewhat subjective, this 
contribution will characterize quality as an upper bound on video data errors (due to network) in a 
specific window of time. 

VIII.3.4 Performance requirements for the service profiles 
Quality of service for this application will be given in terms of actual number of errors 
(performance hits) in a specific time period. Table VIII.1 was constructed based on 
recommendations from active members of the Video Services Forum and represents expected error 
rates that service providers (e.g., DirecTV), as well as users (e.g., Fox Sports Network), would 
demand. 
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Table VIII.1 – Digital television loss/error ratio recommendations 

Profile
(Typical bit rate) 

One performance hit 
per 10 days 

One performance hit 
per day 

10 performance hits 
per day 

Contribution  
(270 Mbit/s) 4 × 10–11 4 × 10–10 4 × 10–9 

Primary Distribution 
(40 Mbit/s) 3 × 10–10 3 × 10–9 3 × 10–8 

Access Distribution 
(3 Mbit/s) 4 × 10–9 4 × 10–8 4 × 10–7 

This table assumes all lost packets cause a performance hit (possibly visible or audible impairment), 
and seven MPEG transport stream (TS) packets are encapsulated in a single IP packet. The required 
packet loss ratio is given at the intersection of a hit rate and profile. For example, access distribution 
allowing a quality level of 1 performance hit per day requires a packet loss ratio of 4 × 10–8. 

VIII.4 Forward error correction (FEC)/Interleaving to improve UNI-UNI performance
Even an IP network conforming to QoS classes 6 or 7 is not capable of providing the packet loss 
rates required for the profiles above, and edge equipment is needed to correct packet errors, packet 
losses and reordered packets. We assume the service uses FEC/Interleaving as defined by the 
Pro-MPEG Forum COP-3 recommendation (Code of Practice) and as reflected in Table VIII.2. 
Note that this 2-dimensional FEC/Interleaving specification is slightly more powerful than the base 
layer of digital video broadcast application-layer-FEC (DVB AL-FEC) of Annex E 
[b-ETSI TS 102 034]. The DVB AL-FEC base layer is consistent with the 1-dimensional 
Pro-MPEG FEC. 

Table VIII.2 – FEC/Interleaving to achieve desired end-to-end hit rates 

 Minimal correction Moderate correction High correction 

Minimum Network 
Performance  

   

Loss Distance (Packets) 100 50 50 
Loss Period (Packets) 5 5 10 
Applied FEC    
 FEC L, D 5, 20 5, 10 10, 5 
 FEC Overhead (%) 5 10 20 
Resulting Video 
Performance Quality 

High High High 

Note that the specification of network performance above utilizes two new terms. Loss distance 
(LD) and loss period (LP), defined in [b-IETF RFC 3357], are packet loss pattern parameters. LP 
defines the maximum number of consecutive packets that can be lost, while LD defines the 
minimum number of good packets that must arrive between lost packets for the algorithm to 
properly correct for losses. The LD and LP values describe the minimum network performance 
correctable by the corresponding FEC in the same column. The FEC is defined by length (L) and 
depth (D) algorithm parameters that define the robustness of the method.  

Correction of network impairments is not free, as it consumes additional bandwidth. The overhead 
values in the table represent three levels of robustness, where 5% represents minimal correction, 
10% represents moderate correction and 20% represents the highest amount of correction. Note that 
the more robust the algorithm we choose, the higher the overhead. It is the VSF's position that these 
three values encompass the majority of the needs in the industry. 
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As an example, a 2 Mbit/s video service requiring minimal correction would be configured with 
(L, D) settings of (5, 20). This would generate an extra 100 kbit/s (5% of 2 Mbit/s) of network 
traffic for the FEC packets, resulting in a total data rate of 2.1 Mbit/s. Similarly, a 270 Mbit/s 
service requiring high correction would be configured with (L, D) values of (10, 5) which would 
generate an additional 54 Mbit/s of network traffic, resulting in an aggregate rate of 324 Mbit/s. 

VIII.5 Laboratory assessment of forward error correction (FEC)/Interleaving effectiveness
Laboratory test results with the Pro-MPEG Forum COP-3 recommendation 2-dimensional 
FEC/Interleave (5, 50) indicate that: 
– UNI-UNI loss ratio of 10–4 improves to 1.5 × 10–8 (covers most of the access profile); 
– UNI-UNI loss ratio of 10–5 improves to 2 × 10–10 (covers most profiles). 

It was concluded that an IP network with UNI-UNI IPLR and IPER conforming to Table 3, class 6 
or 7 will support the digital television application described above, providing that the appropriate 
FEC/Interleaving is applied.  

VIII.6 Additional performance parameters
The Video Services Forum concluded that the values for IPTD and IPDV specified in Table 3, 
classes 6 and 7 are sufficient for digital television transport. 

VIII.7 Further analysis with advanced FEC schemes 
The IPTV focus group (see http://www.itu.int/ITU-T/IPTV/index.phtml) prepared an analysis of 
application layer error recovery mechanisms. Their numerical results utilize the enhancement layer 
of the DVB-IP AL-FEC mechanism. This is a decoder enhanced according to clause E.5.1.2 of 
[b-ETSI TS 102 034], which describes the digital fountain raptor code (and is apparently more 
powerful than the Pro-MPEG Forum COP-3 recommendation 2-dimensional FEC/Interleave code). 

The IPTV FG analysis used the following assumptions and inputs: 
1) Mean time between visible artefacts (MTBA) or 4 hours (slightly more demanding than the 

10 hits per day level used in the VSF study). 
2) Two video stream rates: 2.1 Mbit/s for standard definition and 9.4 Mbit/s for high 

definition. 
3) Seven MPEG-2 TS packets per RTP payload. 
4) A set of FEC protection periods, ranging from 100 ms to 1000 ms. 
5) A fixed average packet loss ratio of 10–3. 
6) Two network loss models, one with independent random packet loss, and another with 

fixed length bursts of loss corresponding to 8 ms of time (less than 2 packets for SD and 
8 packets for HD). The fixed length burst loss model is intended to simulate a DSL access 
line subjected to electrical impulse noise, and each impulse causes an outage equal in length 
to the DSL interleaving depth, which is taken to be 8 ms. 

The IPTV focus group results are shown in Table VIII.3 below, over a range of protection periods. 
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Table VIII.3 – Required overhead for DVB-IP AL-FEC for different bit rates, different 
channel models at IPLR of 10e-3, and different protection periods 

Protection period Random,
2.1 Mbit/s 

Random,
9.4 Mbit/s 

Burst,
2.1 Mbit/s 

Burst, 
9.4 Mbit/s 

100 ms 16% 5% 20% 12% 
200 ms 8% 3.5% 10% 6% 
400 ms 5% 3% 7% 4% 
600 ms 4% 2% 4% 2.5% 
800 ms 3.5% 2% 4% 2.5% 
1000 ms 3% 2% 4% 2% 

The FEC overhead is reasonable and within the same range used with the Pro-MPEG Forum COP-3 
recommendation 2-dimensional FEC/Interleave in Table VIII.2. 

When the network characteristics are similar to the two cases examined (8 ms loss bursts or random 
independent loss), the analysis using clause E.5.1.2 FEC [b-ETSI TS 102 034], shows that the 
ITU-T Y.1541 class 0 or 1 objectives are sufficient.  

Note that the degree to which these two network models represent the actual conditions experienced 
in digital video transmission over packet networks is not known at this time and requires further 
study. 

VIII.8 Analysis of retransmission schemes 
This clause currently identifies an area for further study. There may be existing analyses that can be 
summarized in this clause, following review. 

VIII.9 Recovery from errors and losses due to protection switching schemes 
This clause currently identifies another area for further study.  

Most protection switching schemes, such as SONET rings and MPLS-Fast Re-Route (MPLS-FRR) 
require at least 50 ms to replace a failed primary path with a backup path. In practice, restoration 
times on the order of 100-200 ms are possible. None of the example correction schemes considered 
above can compensate for such long outages. However, if a design goal is correcting outages of this 
long duration, it may be possible to devise a scheme that can correct the burst losses with additional 
penalties of longer delay and more overhead.  
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Appendix IX 

Effects of network QoS on end-to-end data transmission 
performance using TCP 

(This appendix does not form an integral part of this Recommendation.) 

IX.1 Introduction 
This appendix details a part of the analysis behind the specification of provisional network QoS 
classes 6 and 7 in Table 3. The objective values were selected in order to support applications using 
the reliable byte stream transfer services of the transmission control protocol (TCP) 
[b-IETF RFC 793] at the largest possible data rate. The existing IP packet loss ratio (IPLR) 
objective (in classes 0 through 4) supports TCP with the limitations of widely deployed legacy 
settings, or assumes that some bottleneck will be encountered beyond the UNI-UNI path. 

There are two key factors that limit TCP transfer capacity: 
1) The congestion-aware flow-control mechanisms infer that congestion has been encountered 

on the path when packet loss occurs. In response to loss, the flow-control cuts the sending 
window in half, and allows linear increase when a full window of packets has been 
transferred successfully. Thus, packet loss can limit capacity. 

2) The maximum window size may be limited by the sender or receiver TCP settings, or by 
the operating system itself (limiting the amount of memory available to a specific 
application for buffering network data). This is the classic delay bandwidth product, where 
the transmission rate is given as one window of octets per round-trip time (for 
acknowledgement).  

Given that packet transfer time is usually dominated by propagation time, the goal of the analysis 
was to determine an objective for IPLR that provides very high TCP transfer capacity when other 
factors, such as window size or bottleneck bandwidth, do not encumber the process. A packet loss 
ratio of 10–5 was selected for classes 6 and 7, and the analysis below shows what capacities can be 
achieved. 

IX.2 Model of TCP performance 
The basis for this study is the model of TCP Reno [b-IETF RFC 2001] developed and verified by 
[b-Padhye1]. Their model can be approximated as follows: 
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where: 
 B(p) :  approximate model of TCP throughput [packet/s] 
 Wmax :  maximum window buffer size of receiver [packets] 
 RTT :  Round Trip Time [sec] 
 b :  number of packets that are acknowledged by a received ACK  
 p :  probability that a packet is lost  
 T0 :  time-out for re-transmitting an unacknowledged (lost) packet [sec] 
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There are many combinations of TCP features, and the different combinations are sometimes named 
according to the meeting place where they were agreed (Vegas, Tahoe, and Reno). A discussion of 
TCP features is available in many other references. For an even simpler TCP model with a single 
fitting parameter that is useful across versions, see [b-Mathis]. 

IX.3 TCP hypothetical reference endpoint (HRE) 
Various appendices of this Recommendation specify hypothetical reference endpoints (HRE) and 
pair them with hypothetical reference paths to assess the user application quality levels that the 
network performance objectives can support. We define a TCP hypothetical reference endpoint 
below. 

 
Sending application  Receiving application 

TCP Reno 
Max window = 16 kbyte, 
64 kbyte, or 256 kbyte 
T0 timeout = 1 s 
Large windows option 

TCP Reno 
Max window = 16 kbyte, 
64 kbyte, or 256 kbyte 
b = 1 ACK/2 packets 
Large windows option 

IP IP 
 (lower layers) 

Figure IX.1 – TCP hypothetical reference endpoint 

We assume that the sending application supplies a continuous byte stream with no idle intervals, 
and that the receiving host contribution to RTT is insignificant. Note that the sending and receiving 
max window sizes will vary in the analysis that follows. 

IX.4 Observations 
Figure IX.2 shows the estimate of "Legacy" TCP Reno capacity vs. round-trip time (including host 
processing) and packet loss. The 3-dimensional surface is scribed with lines that correspond to 
round trip times (RTT) of 20, 40, 100, 200, 400, 1000, 2000, and 4000 ms, intersecting with lines at 
Loss Ratios of 10–1, 10–2, 10–3, 10–4, 10–5, and 10–6. The height of the surface indicates the TCP 
capacity in bits/ second, and the surface colour changes when it crosses a labelled capacity level. 
We note that none of the long-delay mitigations have been applied here, such as IETF RFC 1323 
large windows or IETF RFC 2018 selective acknowledgements (SACK). 
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Figure IX.2 – TCP capacity with 16 kbyte window ("Legacy") 
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An 8 kbyte or 16 kbyte window is the default setting for many legacy TCP implementations. 
Figure IX.2 shows that packet loss > 10–3 has an effect on capacity, but the window size limitation 
dominates the capacity vs. loss performance over a wide range of round trip times (RTT). 
Therefore, the IPLR objective <10–3 is sufficient under these circumstances, and network QoS 
classes 2, 3, and 4 will produce satisfactory capacity. 

Although transfer capacities in the order of 10 Mbit/s are possible at very low RTT, packet transfer 
time also influences capacity for the "legacy" TCP sender-receiver pair. 

Figure IX.3 shows the TCP Reno capacity when the maximum window size is set to 64 kbytes. This 
is usually possible with simple tuning procedures, but the overwhelming majority of IP network 
users do not attempt tuning, or have no need. Users who want to realize the full potential of 
broadband access while reducing the transfer time for extremely large files (e.g., Linux distribution 
ISO-files contain 700 Mbyte CD-ROM images) may seek the benefits of tuning. 
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Figure IX.3 – TCP capacity with 64 kbyte window  

A 64 kbyte window is the maximum setting for standard TCP implementations that do not enable 
IETF RFC 1323 large windows. Figure IX.3 shows that packet loss > 10–4 has an effect on capacity, 
but the window size limitation dominates the capacity from there on. 

Figure IX.4 shows the TCP Reno capacity when the maximum window size is set to 256 kbytes. 
This is possible with many operating systems, and the TCP large windows option must be available. 
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Figure IX.4 – TCP capacity with 256 kbyte window (and [b-IETF RFC 1323])  
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Figure IX.4 shows that packet loss > 10–5 has an effect on capacity, but the window size limitation 
dominates the capacity vs. loss performance characteristic beyond that point. Therefore, these are 
circumstances where the new provisional classes (with IPLR objective < 10–5) are needed to support 
maximum capacity. 

Transfer capacities on the order of 100 Mbit/s are possible at very low RTT, and the large window 
option [b-IETF RFC 1323] reduces the negative affect of RTT on capacity.  

IX.5 Summary of TCP capacity estimates 
Table IX.1 provides a numerical summary of Figures IX.2 through IX.4 at the values of delay and 
loss ratio appearing in the objectives. 

Table IX.1 – Summary of TCP capacity estimates, bits/s 

Window size Packet Loss, p IPTD = RTT/2 = 100 ms IPTD = RTT/2 = 400 ms 

16 kbytes 
10–3 640 000 160 000 
10–5 640 000 160 000 

64 kbytes 
10–3 1 624 887 409 640 
10–5 2 560 000 640 000 

256 kbytes 
10–3 1 624 887 409 640 
10–5 10 240 000 2 560 000 

Note that Bold values are limited by packet loss ratio, otherwise window size limits capacity. 
Packet loss ratio of 10–5 does not limit capacity at any window size examined, clearly showing the 
benefits of the new network QoS classes. 
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Appendix X 

An example showing how to calculate IPDV across multiple sections 
(This appendix does not form an integral part of this Recommendation.) 

This appendix provides an example on how to calculate IPDV when a number of network sections 
are involved. It builds on the information contained in clause 8.2.4 of this Recommendation and 
also provides some background information on the method. 

The definition of IP delay variation used here (see discussion in Appendix II) is: 

  IPDV = IPTDupper – IPTDmin 

where: 
 IPTDupper is the 1 − 10–3 quantile (99.9th percentile) of IPTD in the evaluation interval 
 IPTDmin is the minimum IPTD in the evaluation interval 

It assumes that there are a number of network sections S1, S2, ... , Sn for which estimates of IPDV1, 
IPDV2, ... , IPDVn are available. The individual estimates must have been made under comparable 
network conditions for any end-to-end combination to be meaningful. For example, they might have 
all been measured during the busiest hour of the month in each of their individual sections. In this 
case, the resulting combinations will generally not correspond to any real end-to-end measurement 
that could be made as all of the component sections could not be expected to experience their 
busiest hours simultaneously. Nevertheless, the result would produce an upper bound that could be 
used for planning and network monitoring purposes.

The relationship for estimating the UNI-UNI IP delay variation (IPDV) performance from the 
network section values must recognize their sub-additive nature and is difficult to estimate 
accurately without considerable information about the individual delay distributions. If, for 
example, characterizations of independent delay distributions are known or measured, they may be 
convolved to estimate the combined distribution. This detailed information will seldom be shared 
among operators, and may not be available in the form of a continuous distribution. As a result, the 
UNI-UNI IPDV estimation may have accuracy limitations. Since study continues in this area, the 
estimation relationship given below has been specified on a provisional basis, and this clause may 
change in the future based on new findings or real operational experience. 

X.1 Calculation of delay variation  
The relationship for combining IPDV values is given below. 

The problem under consideration can be stated as follows: estimate the quantile t of the UNI-UNI 
delay T as defined by the condition: 
  ptT =< )Pr(  

We will assume that p = 0.999 (99.9th percentile) and for simplicity that all delay measurements 
have been normalized by removing the measured minimum delay. For the numerical examples 
below, it is assumed that there are three network sections (n = 3) and that all delays are expressed in 
ms. 
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Step 1 
Measure the mean and variance of the delay in each of the n network sections. For a set of 
measurements, D1, D2, ... , Dn for the kth section the mean, kμ , and variance, 2

kσ , are computed as: 
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For our example we suppose that we have found that: 

  0.30.20.1 321 =μ=μ=μ  

  5.10.15.0 2
3

2
2

2
1 =σ=σ=σ  

Estimate the mean and variance of the UNI-UNI delay by summing the means and variances of the 
component distributions. 
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Step 2 

Measure the quantiles, tk, for each delay section at the probability of interest, 999.0=p . These can 
be determined simply by sorting the measurements, Di, so that without loss of generality: 

  D1 ≤ D2 ≤ ... ≤ Dn

and then selecting as the pth quantile the mth measurement Dm (that is tk = Dm) where m is the 
smallest integer satisfying p ≤ m/n. If n = 1000, then m = 999 for p = 0.999. Suppose for our 
example we find that: 

  55.702.632.4 321 === ttt  

Estimate the skewness, kγ , and third moment, kω , for the kth section using the formulas shown 
below, where 090.3999.0 =x  is the value satisfying 999.0)( 999.0 =Φ x  where Φ  denotes the 
standard normal (mean 0, variance 1) distribution function.  
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Assuming independence of the delay distributions, the third moment of the UNI-UNI delay is just 
the sum of the network section third moments. 
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The UNI-UNI skewness is computed by dividing by 23σ  as shown below. 
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Step 3 

The estimate of the 99.9th percentile ( 999.0=p ) of UNI-UNI delay t (in ms) is as follows.  

  ( ) ( ) 23.1209.31
6
357.009.3361

6
22 =−−⋅+=−γ−⋅σ+μ= pp xxt  

As stated earlier, the nature of the IPDV objective is the upper bound on the 1–10–3 quantile of 
IPTD minus the minimum IPTD (i.e., the distribution of IPDV is normalized to the minimum 
IPTD). In general, units of IPDV values are seconds, with resolution of at least 1 microsecond. If 
lesser resolution is available in a value, the unused digits shall be set to zero.  

X.2 Mathematical background 
If the distributions of each of the components Tk were known in detail, the distribution of the 
end-to-end delay T could be computed using convolutions. Convolutions are challenging in 
practice: most implementations will rely on Laplace transform techniques including methods to 
invert transforms numerically to recover the underlying probability distributions. To use this 
method, assumptions would have to be made about the exact nature of the component distributions.  

Instead, an alternative method is employed that uses the available information without requiring 
additional assumptions or complex methods. 

The basic idea is to transform a random variable T with known mean μ, variance 2, and skewness γ 
into a symmetric random variable Z which is standard normal (mean 0, variance 1) or nearly so. 
One such method, called the normal power approximation (see [b-Ramsay]) works as follows: 

• Define the standardized variable 
σ

μ−= TX  

• The normal power approximation states that )1(
6

2 −γ+≈ ZZX  where Z is a standard 

normal (mean 0, variance 1) random variable. 

Once the details are worked through, the following approximation is obtained: 
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where Φ  is the cumulative standard normal distribution function: 
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Although the values of this function are readily available, a more transparent relationship can be 
derived that eliminates all reference to Φ  and allows the quantile t to be directly computed from the 
component quantiles tk. 

In fact, since the probabilities in all the quantile definitions ,)Pr( ptT kk =<  ptT =< )Pr(  have the 
common value p, if we define px  to be the unique value satisfying ( ) pxp =Φ , then we have: 
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If we multiply the above by 2
kσ  and 2σ  respectively and add over all the components we deduce 

from the additivity of variances of independent distributions that: 
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where we have set 
3
γ=δ  and 

3
k

k
γ=δ . Although this looks complex, it requires only simple 

algebra to compute the end-to-end quantile t from the components kt  and the available measured 
quantities. 

X.3 Special cases 
In the approximation 
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if we let 0→γ  we produce the result 

  
σ

μ−Φ≈< ttT )Pr(  

corresponding to the case where T has a normal distribution with mean μ, variance 2. If we let all 
the skewness terms 0→γ , 0→γk  the algebraic expression of the previous section reduces to:  
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Some further manipulation removes the variances to produce: 

  ( ) ( )
=

μ−=μ−
n

k
kktt

1

22  

This shows that when the component delays Tk are normally distributed with mean μk, and variance
2
kσ , then the corresponding quantiles follow a composition law similar to that for variances. 

This composition law for normal variates can also be derived directly. The algebraic expression of 
the previous section can be viewed as a generalization of this particular composition law. 

X.4 Estimating skewness from quantiles 

Consider a random variable T whose mean μ and variance 2 are known and where the quantile t in 
ptT =< )Pr( is known but where the skewness γ is not known. Using the normal power 

approximation we have: 
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From tabulated values of the standard normal distribution function Φ  we can find the unique value 
px  satisfying ( ) pxp =Φ . Therefore: 
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This can be solved for γ  producing: 
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Appendix XI 

Digital circuit (ISDN) emulation requirements on IP-based networks 
(This appendix does not form an integral part of this Recommendation.) 

XI.1 Introduction 
The purpose of this appendix is to derive a packet loss requirement for the support of the circuit-
mode unrestricted 64 kbit/s bearer service defined in [b-ITU-T I.231.1] over an IP network, based 
on the requirements of [b-ITU-T G.826] for error rates on transmission systems carrying ISDN 
connections. Next, the possible mitigation of the packet loss requirement through the use of forward 
error correction (FEC) techniques is examined. 

We consider a multiplex of RTP packet streams as an emulation of a TDM digital transport 
connection, which should meet the ITU-T G.826 requirements for digital connections.  

XI.2 Packetization and transport assumptions 
Consider transmission of a single ISDN B-channel as a 64 kbit/s stream in 10 ms packets, 
100 packets/s per stream. The resulting stream of RTP packets has a 9-octet POS overhead, 40-octet 
RTP/UDP/IP headers and 80-octet user data payload.  

Suppose then that the packetized B-channel is routed with other packetized 64 kbit/s streams (voice 
and ISDN) across a core network using STM-1 transmission systems. This system transports 
92.9 Mbit/s user data payload using an overall bit rate of 149.76 Mbit/s. Block size at STM-1 is 
18'792 bits and there are 8'000 blocks/s. Thus a given 64 kbit/s stream contributes a packet to every 
80th block and the multiplex can carry about 149'760'000/(129 * 8 * 100) = 1'451 64 kbit/s streams. 
A block contains about 18 packets, all from different 64 kbit/s streams.  

XI.3 Range of packet loss requirements 
This clause derives the UNI-UNI packet loss ratio necessary to meet various transport accuracy 
requirements. 

The first approach to derive a packet loss requirement refers to the ITU-T G.826 specification for a 
background block error ratio (BBER) of 2 × 10–4, and loss of a single packet will result in a 
background block error. Hence packet loss ratio must be better than 2 × 10–4/18 = 1.1 × 10–5 to meet 
the BBER specification.  

The second approach examines the ITU-T G.826 errored second ratio (ESR) of 0.16. Since loss of a 
single packet will result in an ES, and there are 145'100 packets/s, the packet loss ratio must be 
better than 0.16/145'100 = 1.1 × 10–6 assuming random packet loss. Because 0.16 is not very much 
less than 1, there is a small correction arising from the finite probability of two errors in the same 
second, which we have neglected for this approximate calculation. The packet loss ratio derived 
from ESR is about 10 times more demanding than from the BBER derivation, so the more stringent 
requirement of these two will be adopted. 

The third approach considers the ITU-T G.826 specifications for ESR and severely errored second 
ratio (SESR) for sub-primary rate connections. With 10 ms packetization, loss of a packet results in 
loss of 640 payload bits which must be replaced by dummy data. On average, 320 bits will be in 
error, and an SES is a second in which the error ratio is 1.0 × 10–3, so an SES will result for 
connections at rates less than or equal to 320 kbit/s (5 × 64 kbit/s, requiring 500 packets/s). The 
SESR for sub-primary-rate connections is 2 × 10–3. Hence the packet loss ratio must be less than 
2 × 10–3/500 = 4 × 10–6 assuming random packet loss. 
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Thus, the different requirements within [b-ITU-T G.826] lead to somewhat different values of 
packet loss for an international IP network. The derived requirements range between 1.1 × 10–6 and 
4 × 10–6 depending on the assumptions above and the specification from [b-ITU-T G.826]. 
However, both these figures are very much more stringent than the IPLR of 1 × 10–3 for QoS 
classes 0 through 4 of Y.1541.  

XI.4 Effect of forward error correction 
An alternative to achieving the very low packet loss ratio needed for the ITU-T I.231.1 service is to 
use forward error correction, trading bandwidth and extra delay for a less-demanding packet loss 
requirement. [b-IETF RFC 2733] describes a scheme for protected transmission of RTP streams 
through networks with packet loss. The scheme permits the use of a range of block FEC methods.  

For example, (n, k) block codes may be used, generating n-k redundant packets from each k data 
packets and transmitting all n packets. All k data packets can be recovered provided any k packets 
of the n are received without loss or error. The probability of a residual error (one not corrected by 
the scheme) affecting a block, Pb, is equal to the probability of losing more than n-k packets from 
the block, hence approximately equal to the probability of losing n – k + 1 packets from the block. 
If packet loss is random, this is given by: 

  11 )1(
)!1()!1(

!)1Pr( −+− −
−+−

=+−≈ kkn
b pp

kkn
nknP  

where p is the probability of loss of a single packet. As p << 1, the term involving (1 – p) will 
always be close to 1 for the expected small values of k. 

Consider a stream of payload packets of rate R packets/s. The rate of generation of blocks is R/k. 
Hence, the rate at which such blocks suffer from loss of more than n-k packets is RPb/k. If a block 
suffers from loss of more than n-k packets, the worst case is that no payload packet is recoverable 
from the block, so the worst-case rate of loss of payload packets after FEC is kRPb/k=RPb. This is 
to be compared with a rate of loss of payload packets of (R × p) in the absence of FEC. Thus, Pb is 
an effective packet loss probability after FEC. Pb may be an overestimate of the effective packet 
loss probability, in cases where the FEC code allows recovery of some payload packets even after 
loss of more than n-k packets from the transmitted block. 

To achieve the packet loss requirements derived above, we wish to make the post-FEC packet loss 
probability around 1 × 10–6 when operating on an IPLR of p = 1 × 10–3, which is assured on paths 
that are compliant with ITU-T Y.1541 classes 0 through 4.  

A (k + 1, k) scheme was chosen for further analysis, because of its simplicity. Any (k + 1, k) block 
code which adds a single parity packet leads to a probability of a residual block error equal to a 
numerical factor (greater than 1) multiplied by p2. The two simplest such codes are (2,1) (simple 
repetition, requiring double bandwidth) and (3,2) (needing only the exclusive-OR operation, 
increasing bandwidth by 3/2). 

The probability of an error in the block for the (2,1) code is just p2. For the (3,2) code, it is 3p2. For 
a loss requirement of 1.1 × 10–6 after correction, the requirement before correction is 1.05 × 10–3 for 
the (2,1) repetition "code". For the (3,2) code, the requirement before correction is 6.0 × 10–4. Note 
that these are requirements on total packet loss, including both IPLR and packets arriving too late to 
be played out. 

The 1.05 × 10–3 requirement is numerically close to the IPLR values for QoS classes 0 and 1, 
however this does not account for additional packets that arrive too late for play-out as permitted by 
the 1 – 10–3 quantile used in the IPDV specification. 
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Provisional QoS classes 5 and 6 offer much more stringent IPLR objectives and IPDV quantiles 
(1 × 10–5 and 1 – 10–5, respectively). Using the overall loss based on these values, it is clear that an 
FEC code can be designed to meet the loss requirement of 1.1 × 10–6 after correction using much 
less overhead. For example, a (14,13) code can correct a p = 10–4 loss ratio to 91p2, or 9.1 × 10–7.  

The desire for low overhead must be tempered by the delay consumed in the FEC processing. Delay 
increases by at least (k – 1) times the packetization time. 
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1.  Introduction

   The Internet Assigned Numbers Authority (IANA) (www.iana.org) is
   charged with allocating parameter values for fields in protocols that
   have been designed, created, or are maintained by the Internet
   Engineering Task Force (IETF). RFC 2780 [RFC2780] provides the IANA
   guidance in the assignment of parameters for fields in newly
   developed protocols.  This memo expands on section 4.4.2 of RFC 2780
   and attempts to codify existing IANA practice used in the assignment
   of IPv4 multicast addresses.

Cotton, et al.            Best Current Practice                 [Page 2]



RFC 5771                IPv4 Multicast Guidelines             March 2010

   This document is a revision of RFC 3171 [RFC3171], which it
   obsoletes.  It also obsoletes RFC 3138 [RFC3138] and updates
   [RFC2780].

   The terms "Specification Required", "Expert Review", "IESG Approval",
   "IETF Review", and "Standards Action", are used in this memo to refer
   to the processes described in [RFC5226].

   In general, due to the relatively small size of the IPv4 multicast
   address space, further assignment of IPv4 multicast address space is
   recommended only in limited circumstances.  Specifically, the IANA
   should only assign addresses in those cases where:

      - the dynamic selection Session Description Protocol/Session
        Announcement Protocol (SDP/SAP);

      - GLOP (not an acronym);

      - Source-Specific Multicast (SSM); or

      - Administratively Scoped address spaces cannot be used.

   The guidelines described below are reflected in [IANA-protocols].
   Network operators should also be aware of the availability of IPv6
   multicast addresses and consider using them where feasible.

2.  Terminology

   The key words "MUST", "MUST NOT", "REQUIRED", "SHALL", "SHALL NOT",
   "SHOULD", "SHOULD NOT", "RECOMMENDED", "MAY", and "OPTIONAL" in this
   document are to be interpreted as described in BCP 14, RFC 2119
   [RFC2119].

   The word "allocation" designates a block of addresses managed by a
   registry for the purpose of making assignments and allocations.  The
   word "assignment" designates a block of addresses, or a single
   address, registered to an end-user for use on a specific network or
   set of networks.

3.  Definition of Current Assignment Practice

   Unlike IPv4 unicast address assignment, where blocks of addresses are
   delegated to Regional Internet Registries (RIRs), IPv4 multicast
   addresses are assigned directly by the IANA.  Current registration
   groups appear as follows [IANA]:
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Address Range                 Size       Designation
-------------                 ----       -----------
224.0.0.0 - 224.0.0.255       (/24)      Local Network Control Block

224.0.1.0 - 224.0.1.255       (/24)      Internetwork Control Block

224.0.2.0 - 224.0.255.255     (65024)    AD-HOC Block I

224.1.0.0 - 224.1.255.255     (/16)      RESERVED

224.2.0.0 - 224.2.255.255     (/16)      SDP/SAP Block

224.3.0.0 - 224.4.255.255     (2 /16s)   AD-HOC Block II

224.5.0.0 - 224.255.255.255   (251 /16s) RESERVED

225.0.0.0 - 231.255.255.255   (7 /8s)    RESERVED

232.0.0.0 - 232.255.255.255   (/8)       Source-Specific Multicast Block

233.0.0.0 - 233.251.255.255   (16515072) GLOP Block

233.252.0.0 - 233.255.255.255 (/14)      AD-HOC Block III

234.0.0.0 - 238.255.255.255   (5 /8s)    RESERVED

239.0.0.0 - 239.255.255.255   (/8)       Administratively Scoped Block

   The IANA generally assigns addresses from the Local Network Control,
   Internetwork Control and AD-HOC blocks.  Assignment guidelines for
   each of these blocks, as well as for the Source-Specific Multicast,
   GLOP, and Administratively Scoped blocks, are described below.

4.  Local Network Control Block (224.0.0/24)

   Addresses in the Local Network Control Block are used for protocol
   control traffic that is not forwarded off link.  Examples of this
   type of use include OSPFIGP All Routers (224.0.0.5) [RFC2328].

4.1.  Assignment Guidelines

   Pursuant to section 4.4.2 of [RFC2780], assignments from the Local
   Network Control Block follow an Expert Review, IESG Approval, or
   Standards Action process.  See IANA [IANA] for the current set of
   assignments.
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5.  Internetwork Control Block (224.0.1/24)

   Addresses in the Internetwork Control Block are used for protocol
   control traffic that MAY be forwarded through the Internet.  Examples
   include 224.0.1.1 (Network Time Protocol (NTP) [RFC4330]) and
   224.0.1.68 (mdhcpdiscover [RFC2730]).

5.1.  Assignment Guidelines

   Pursuant to section 4.4.2 of [RFC2780], assignments from the
   Internetwork Control Block follow an Expert Review, IESG Approval, or
   Standards Action process.  See IANA [IANA] for the current set of
   assignments.

6.  AD-HOC Blocks (I, II, and III)

   Addresses in the AD-HOC blocks (including 224.0.2.0 - 224.0.255.255,
   224.3.0.0 - 224.4.255.255, and 233.252.0.0 - 233.255.255.255) were
   traditionally used for assignments for those applications that don’t
   fit in either the Local or Internetwork Control blocks.  These
   addresses MAY be globally routed and are typically used by
   applications that require small blocks of addressing (e.g., less than
   a /24 ).  Future assignments of blocks of addresses that do not fit
   in the Local Network or Internetwork Control blocks will be made in
   AD-HOC Block III.

6.1.  Assignment Guidelines

   In general, the IANA SHOULD NOT assign addresses in the AD-HOC
   blocks.  However, the IANA MAY, under special circumstances, assign
   addresses from these blocks.  Pursuant to section 4.4.2 of [RFC2780],
   assignments from the AD-HOC blocks follow an Expert Review, IESG
   Approval, or Standards Action process.  See [IANA] for the current
   set of assignments.

7.  SDP/SAP Block (224.2/16)

   Addresses in the SDP/SAP Block are used by applications that receive
   addresses through the Session Announcement Protocol [RFC2974] for use
   via applications like the session directory tool (such as [SDR]).

7.1.  Assignment Guidelines

   Since addresses in the SDP/SAP Block are chosen randomly from the
   range of addresses not already in use [RFC2974], no IANA assignment
   policy is required.  Note that while no additional IANA assignment is
   required, addresses in the SDP/SAP Block are explicitly for use by
   SDP/SAP and MUST NOT be used for other purposes.
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8.  Source-Specific Multicast Block (232/8)

   SSM [RFC4607] is an extension of IP Multicast in which traffic is
   forwarded to receivers from only those multicast sources for which
   the receivers have explicitly expressed interest and is primarily
   targeted at one-to-many (broadcast) applications.  Note that this
   block was initially assigned to the Versatile Message Transaction
   Protocol (VMTP) transient groups [IANA].

8.1.  Assignment Guidelines

   Because the SSM model essentially makes the entire multicast address
   space local to the host, no IANA assignment policy is required.
   Note, however, that while no additional IANA assignment is required,
   addresses in the Source-Specific Multicast Block are explicitly for
   use by SSM and MUST NOT be used for other purposes.

9.  GLOP Block (233/8)

   Addresses in the GLOP Block are globally-scoped, statically-assigned
   addresses.  The assignment is made, for a domain with a 16-bit
   Autonomous System Number (ASN), by mapping a domain’s autonomous
   system number, expressed in octets as X.Y, into the middle two octets
   of the GLOP Block, yielding an assignment of 233.X.Y.0/24.  The
   mapping and assignment is defined in [RFC3180].  Domains with a
   32-bit ASN MAY apply for space in AD-HOC Block III, or consider using
   IPv6 multicast addresses.

9.1.  Assignment Guidelines

   Because addresses in the GLOP Block are algorithmically pre-assigned,
   no IANA assignment policy is required.

9.2.  AD-HOC Block III

   [RFC3138] delegated to the RIRs the assignment of the GLOP sub-block
   (233.252.0.0 - 233.255.255.255) mapped by the private Autonomous
   System (AS) space (64512-65534) and the IANA reserved ASN 65535
   [RFC1930].  This space was known as Extended GLOP (EGLOP). RFC 3138
   should not have asked the RIRs to develop policies for the EGLOP
   space because [RFC2860] reserves that to the IETF.  It is important
   to make this space available for use by network operators, and it is
   therefore appropriate to obsolete RFC 3138 and classify this address
   range as available for AD-HOC assignment as per the guidelines in

section 6.
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   The first /24 in this range, 233.252.0.0/24, is assigned as "MCAST-
   TEST-NET" for use in documentation and example code. 233.252.0.0/24
   SHOULD be used in conjunction with the [RFC2606] domain names
   example.com or example.net in vendor and protocol documentation.
   Addresses within 233.252.0.0/24 MUST NOT appear on the public
   Internet.

10.  Administratively Scoped Block (239/8)

   Addresses in the Administratively Scoped Block are for local use
   within a domain and are described in [RFC2365].

10.1.  Assignment Guidelines

   Since addresses in this block are local to a domain, no IANA
   assignment policy is required.

10.1.1.  Relative Offsets

   The relative offsets [RFC2365] are used to ensure that a service can
   be located independent of the extent of the enclosing scope (see
   [RFC3180] for details).  Since there are only 256 such offsets, the
   IANA should only assign a relative offset to a protocol that provides
   an infrastructure supporting service.  Examples of such services
   include the Session Announcement Protocol [RFC2974].  Pursuant to

section 4.4.2 of [RFC2780], assignments of relative offsets follow an
   Expert Review, IESG Approval, or Standards Action process.  See
   [IANA] for the current set of assignments.

11.  Application Form

   Requests for multicast address assignments can be submitted through
   the application form on the IANA web site at [IANA-registration].  It
   is important to submit sufficient detail to allow the IESG designated
   expert to review the application.  If the details given in the
   request are not clear, or further information is needed, the IESG
   designated expert may request additional information before assigning
   an address.

11.1.  Size of Assignments of IPv4 Multicast Addresses

   Occasionally, more than one multicast address is required.  In these
   cases, multiple addresses are available in AD-HOC Block III.  Where
   there is a requirement for a very large number of addresses, the
   assignment will be staged.  The additional stages will only be made
   after the complete use of the initial assignment(s).
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   A separate document describing the policy governing assignment of
   addresses in the AD-HOC blocks I, II, and III will be developed and
   published.  The format, location, and content has not yet been
   decided and so these will be documented in a future version of this
   document.

12.  Annual Review

   Given the dynamic nature of IPv4 multicast and its associated
   infrastructure, and the previously undocumented IPv4 multicast
   address assignment guidelines, the IANA should conduct an annual
   review of currently assigned addresses.

12.1.  Address Reclamation

   During the review described above, addresses that were mis-assigned
   should, where possible, be reclaimed or reassigned.

   The IANA should also review assignments in the AD-HOC, "DIS Transient
   Groups", and ST Multicast Groups [RFC1819] blocks and reclaim those
   addresses that are not in use on the global Internet (i.e., those
   applications that can use SSM, GLOP, or Administratively Scoped
   addressing, or are not globally routed).

12.2.  Positive Renewal

   It is occasionally appropriate to make temporary assignments that can
   be renewed as necessary.  In cases where this happens the registrant
   needs to positively request an extension to the temporary assignment
   or the addresses assigned.  When the IANA has not received a request
   to renew the registration of a temporary assignment within 30 days of
   the expiry of the assignment, it MUST be removed from the multicast
   registry.

   Addresses returned to the IANA when a temporary assignment ends MUST
   NOT be assigned to anyone other than the last registrant for at least
   one calendar year.

13.  Use of IANA Reserved Addresses

   Applications MUST NOT use addressing in the IANA reserved blocks.

14.  IANA Considerations

   IANA has updated its IPv4 multicast request and assignment procedures
   to reflect this document.
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15.  Security Considerations

   The assignment guidelines described in this document do not alter the
   security properties of either the Any Source or Source-Specific
   Multicast service models.
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1.  Introduction

   This specification defines the addressing architecture of the IP
   Version 6 protocol.  It includes the basic formats for the various
   types of IPv6 addresses (unicast, anycast, and multicast).

2.  IPv6 Addressing

   IPv6 addresses are 128-bit identifiers for interfaces and sets of
   interfaces (where "interface" is as defined in Section 2 of [IPV6]).
   There are three types of addresses:

    Unicast:   An identifier for a single interface.  A packet sent to a
               unicast address is delivered to the interface identified
               by that address.
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    Anycast:   An identifier for a set of interfaces (typically
               belonging to different nodes).  A packet sent to an
               anycast address is delivered to one of the interfaces
               identified by that address (the "nearest" one, according
               to the routing protocols’ measure of distance).

    Multicast: An identifier for a set of interfaces (typically
               belonging to different nodes).  A packet sent to a
               multicast address is delivered to all interfaces
               identified by that address.

   There are no broadcast addresses in IPv6, their function being
   superseded by multicast addresses.

   In this document, fields in addresses are given a specific name, for
   example, "subnet".  When this name is used with the term "ID" for
   identifier after the name (e.g., "subnet ID"), it refers to the
   contents of the named field.  When it is used with the term "prefix"
   (e.g., "subnet prefix"), it refers to all of the address from the
   left up to and including this field.

   In IPv6, all zeros and all ones are legal values for any field,
   unless specifically excluded.  Specifically, prefixes may contain, or
   end with, zero-valued fields.

2.1.  Addressing Model

   IPv6 addresses of all types are assigned to interfaces, not nodes.
   An IPv6 unicast address refers to a single interface.  Since each
   interface belongs to a single node, any of that node’s interfaces’
   unicast addresses may be used as an identifier for the node.

   All interfaces are required to have at least one Link-Local unicast
   address (see Section 2.8 for additional required addresses).  A
   single interface may also have multiple IPv6 addresses of any type
   (unicast, anycast, and multicast) or scope.  Unicast addresses with a
   scope greater than link-scope are not needed for interfaces that are
   not used as the origin or destination of any IPv6 packets to or from
   non-neighbors.  This is sometimes convenient for point-to-point
   interfaces.  There is one exception to this addressing model:

      A unicast address or a set of unicast addresses may be assigned to
      multiple physical interfaces if the implementation treats the
      multiple physical interfaces as one interface when presenting it
      to the internet layer.  This is useful for load-sharing over
      multiple physical interfaces.
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   Currently, IPv6 continues the IPv4 model in that a subnet prefix is
   associated with one link.  Multiple subnet prefixes may be assigned
   to the same link.

2.2.  Text Representation of Addresses

   There are three conventional forms for representing IPv6 addresses as
   text strings:

   1. The preferred form is x:x:x:x:x:x:x:x, where the ’x’s are one to
      four hexadecimal digits of the eight 16-bit pieces of the address.
      Examples:

         ABCD:EF01:2345:6789:ABCD:EF01:2345:6789

         2001:DB8:0:0:8:800:200C:417A

      Note that it is not necessary to write the leading zeros in an
      individual field, but there must be at least one numeral in every
      field (except for the case described in 2.).

   2. Due to some methods of allocating certain styles of IPv6
      addresses, it will be common for addresses to contain long strings
      of zero bits.  In order to make writing addresses containing zero
      bits easier, a special syntax is available to compress the zeros.
      The use of "::" indicates one or more groups of 16 bits of zeros.
      The "::" can only appear once in an address.  The "::" can also be
      used to compress leading or trailing zeros in an address.

      For example, the following addresses

         2001:DB8:0:0:8:800:200C:417A   a unicast address
         FF01:0:0:0:0:0:0:101           a multicast address
         0:0:0:0:0:0:0:1                the loopback address
         0:0:0:0:0:0:0:0                the unspecified address

      may be represented as

         2001:DB8::8:800:200C:417A      a unicast address
         FF01::101                      a multicast address
         ::1                            the loopback address
         ::                             the unspecified address

   3. An alternative form that is sometimes more convenient when dealing
      with a mixed environment of IPv4 and IPv6 nodes is
      x:x:x:x:x:x:d.d.d.d, where the ’x’s are the hexadecimal values of
      the six high-order 16-bit pieces of the address, and the ’d’s are
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      the decimal values of the four low-order 8-bit pieces of the
      address (standard IPv4 representation).  Examples:

         0:0:0:0:0:0:13.1.68.3

         0:0:0:0:0:FFFF:129.144.52.38

      or in compressed form:

         ::13.1.68.3

         ::FFFF:129.144.52.38

2.3.  Text Representation of Address Prefixes

   The text representation of IPv6 address prefixes is similar to the
   way IPv4 address prefixes are written in Classless Inter-Domain
   Routing (CIDR) notation [CIDR].  An IPv6 address prefix is
   represented by the notation:

      ipv6-address/prefix-length

   where

      ipv6-address    is an IPv6 address in any of the notations listed
                      in Section 2.2.

      prefix-length   is a decimal value specifying how many of the
                      leftmost contiguous bits of the address comprise
                      the prefix.

   For example, the following are legal representations of the 60-bit
   prefix 20010DB80000CD3 (hexadecimal):

      2001:0DB8:0000:CD30:0000:0000:0000:0000/60
      2001:0DB8::CD30:0:0:0:0/60
      2001:0DB8:0:CD30::/60

   The following are NOT legal representations of the above prefix:

      2001:0DB8:0:CD3/60   may drop leading zeros, but not trailing
                           zeros, within any 16-bit chunk of the address

      2001:0DB8::CD30/60   address to left of "/" expands to
                           2001:0DB8:0000:0000:0000:0000:0000:CD30

      2001:0DB8::CD3/60    address to left of "/" expands to
                           2001:0DB8:0000:0000:0000:0000:0000:0CD3
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   When writing both a node address and a prefix of that node address
   (e.g., the node’s subnet prefix), the two can be combined as follows:

      the node address      2001:0DB8:0:CD30:123:4567:89AB:CDEF
      and its subnet number 2001:0DB8:0:CD30::/60

      can be abbreviated as 2001:0DB8:0:CD30:123:4567:89AB:CDEF/60

2.4.  Address Type Identification

   The type of an IPv6 address is identified by the high-order bits of
   the address, as follows:

      Address type         Binary prefix        IPv6 notation   Section
      ------------         -------------        -------------   -------
      Unspecified          00...0  (128 bits)   ::/128          2.5.2
      Loopback             00...1  (128 bits)   ::1/128         2.5.3
      Multicast            11111111             FF00::/8        2.7
      Link-Local unicast   1111111010           FE80::/10       2.5.6
      Global Unicast       (everything else)

   Anycast addresses are taken from the unicast address spaces (of any
   scope) and are not syntactically distinguishable from unicast
   addresses.

   The general format of Global Unicast addresses is described in
Section 2.5.4.  Some special-purpose subtypes of Global Unicast

   addresses that contain embedded IPv4 addresses (for the purposes of
   IPv4-IPv6 interoperation) are described in Section 2.5.5.

   Future specifications may redefine one or more sub-ranges of the
   Global Unicast space for other purposes, but unless and until that
   happens, implementations must treat all addresses that do not start
   with any of the above-listed prefixes as Global Unicast addresses.

2.5.  Unicast Addresses

   IPv6 unicast addresses are aggregatable with prefixes of arbitrary
   bit-length, similar to IPv4 addresses under Classless Inter-Domain
   Routing.

   There are several types of unicast addresses in IPv6, in particular,
   Global Unicast, site-local unicast (deprecated, see Section 2.5.7),
   and Link-Local unicast.  There are also some special-purpose subtypes
   of Global Unicast, such as IPv6 addresses with embedded IPv4
   addresses.  Additional address types or subtypes can be defined in
   the future.
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   IPv6 nodes may have considerable or little knowledge of the internal
   structure of the IPv6 address, depending on the role the node plays
   (for instance, host versus router).  At a minimum, a node may
   consider that unicast addresses (including its own) have no internal
   structure:

   |                           128 bits                              |
   +-----------------------------------------------------------------+
   |                          node address                           |
   +-----------------------------------------------------------------+

   A slightly sophisticated host (but still rather simple) may
   additionally be aware of subnet prefix(es) for the link(s) it is
   attached to, where different addresses may have different values for
   n:

   |          n bits               |           128-n bits            |
   +-------------------------------+---------------------------------+
   |       subnet prefix           |           interface ID          |
   +-------------------------------+---------------------------------+

   Though a very simple router may have no knowledge of the internal
   structure of IPv6 unicast addresses, routers will more generally have
   knowledge of one or more of the hierarchical boundaries for the
   operation of routing protocols.  The known boundaries will differ
   from router to router, depending on what positions the router holds
   in the routing hierarchy.

   Except for the knowledge of the subnet boundary discussed in the
   previous paragraphs, nodes should not make any assumptions about the
   structure of an IPv6 address.

2.5.1.  Interface Identifiers

   Interface identifiers in IPv6 unicast addresses are used to identify
   interfaces on a link.  They are required to be unique within a subnet
   prefix.  It is recommended that the same interface identifier not be
   assigned to different nodes on a link.  They may also be unique over
   a broader scope.  In some cases, an interface’s identifier will be
   derived directly from that interface’s link-layer address.  The same
   interface identifier may be used on multiple interfaces on a single
   node, as long as they are attached to different subnets.

   Note that the uniqueness of interface identifiers is independent of
   the uniqueness of IPv6 addresses.  For example, a Global Unicast
   address may be created with a local scope interface identifier and a
   Link-Local address may be created with a universal scope interface
   identifier.
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   For all unicast addresses, except those that start with the binary
   value 000, Interface IDs are required to be 64 bits long and to be
   constructed in Modified EUI-64 format.

   Modified EUI-64 format-based interface identifiers may have universal
   scope when derived from a universal token (e.g., IEEE 802 48-bit MAC
   or IEEE EUI-64 identifiers [EUI64]) or may have local scope where a
   global token is not available (e.g., serial links, tunnel end-points)
   or where global tokens are undesirable (e.g., temporary tokens for
   privacy [PRIV]).

   Modified EUI-64 format interface identifiers are formed by inverting
   the "u" bit (universal/local bit in IEEE EUI-64 terminology) when
   forming the interface identifier from IEEE EUI-64 identifiers.  In
   the resulting Modified EUI-64 format, the "u" bit is set to one (1)
   to indicate universal scope, and it is set to zero (0) to indicate
   local scope.  The first three octets in binary of an IEEE EUI-64
   identifier are as follows:

          0       0 0       1 1       2
         |0       7 8       5 6       3|
         +----+----+----+----+----+----+
         |cccc|ccug|cccc|cccc|cccc|cccc|
         +----+----+----+----+----+----+

   written in Internet standard bit-order, where "u" is the
   universal/local bit, "g" is the individual/group bit, and "c" is the
   bits of the company_id. Appendix A, "Creating Modified EUI-64 Format
   Interface Identifiers", provides examples on the creation of Modified
   EUI-64 format-based interface identifiers.

   The motivation for inverting the "u" bit when forming an interface
   identifier is to make it easy for system administrators to hand
   configure non-global identifiers when hardware tokens are not
   available.  This is expected to be the case for serial links and
   tunnel end-points, for example.  The alternative would have been for
   these to be of the form 0200:0:0:1, 0200:0:0:2, etc., instead of the
   much simpler 0:0:0:1, 0:0:0:2, etc.

   IPv6 nodes are not required to validate that interface identifiers
   created with modified EUI-64 tokens with the "u" bit set to universal
   are unique.

   The use of the universal/local bit in the Modified EUI-64 format
   identifier is to allow development of future technology that can take
   advantage of interface identifiers with universal scope.
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   The details of forming interface identifiers are defined in the
   appropriate "IPv6 over <link>" specification, such as "IPv6 over
   Ethernet" [ETHER], and "IPv6 over FDDI" [FDDI].

2.5.2.  The Unspecified Address

   The address 0:0:0:0:0:0:0:0 is called the unspecified address.  It
   must never be assigned to any node.  It indicates the absence of an
   address.  One example of its use is in the Source Address field of
   any IPv6 packets sent by an initializing host before it has learned
   its own address.

   The unspecified address must not be used as the destination address
   of IPv6 packets or in IPv6 Routing headers.  An IPv6 packet with a
   source address of unspecified must never be forwarded by an IPv6
   router.

2.5.3.  The Loopback Address

   The unicast address 0:0:0:0:0:0:0:1 is called the loopback address.
   It may be used by a node to send an IPv6 packet to itself.  It must
   not be assigned to any physical interface.  It is treated as having
   Link-Local scope, and may be thought of as the Link-Local unicast
   address of a virtual interface (typically called the "loopback
   interface") to an imaginary link that goes nowhere.

   The loopback address must not be used as the source address in IPv6
   packets that are sent outside of a single node.  An IPv6 packet with
   a destination address of loopback must never be sent outside of a
   single node and must never be forwarded by an IPv6 router.  A packet
   received on an interface with a destination address of loopback must
   be dropped.

2.5.4.  Global Unicast Addresses

   The general format for IPv6 Global Unicast addresses is as follows:

   |         n bits         |   m bits  |       128-n-m bits         |
   +------------------------+-----------+----------------------------+
   | global routing prefix  | subnet ID |       interface ID         |
   +------------------------+-----------+----------------------------+

   where the global routing prefix is a (typically hierarchically-
   structured) value assigned to a site (a cluster of subnets/links),
   the subnet ID is an identifier of a link within the site, and the
   interface ID is as defined in Section 2.5.1.
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   All Global Unicast addresses other than those that start with binary
   000 have a 64-bit interface ID field (i.e., n + m = 64), formatted as
   described in Section 2.5.1.  Global Unicast addresses that start with
   binary 000 have no such constraint on the size or structure of the
   interface ID field.

   Examples of Global Unicast addresses that start with binary 000 are
   the IPv6 address with embedded IPv4 addresses described in Section

2.5.5.  An example of global addresses starting with a binary value
   other than 000 (and therefore having a 64-bit interface ID field) can
   be found in [GLOBAL].

2.5.5.  IPv6 Addresses with Embedded IPv4 Addresses

   Two types of IPv6 addresses are defined that carry an IPv4 address in
   the low-order 32 bits of the address.  These are the "IPv4-Compatible
   IPv6 address" and the "IPv4-mapped IPv6 address".

2.5.5.1.  IPv4-Compatible IPv6 Address

   The "IPv4-Compatible IPv6 address" was defined to assist in the IPv6
   transition.  The format of the "IPv4-Compatible IPv6 address" is as
   follows:

   |                80 bits               | 16 |      32 bits        |
   +--------------------------------------+--------------------------+
   |0000..............................0000|0000|    IPv4 address     |
   +--------------------------------------+----+---------------------+

   Note: The IPv4 address used in the "IPv4-Compatible IPv6 address"
   must be a globally-unique IPv4 unicast address.

   The "IPv4-Compatible IPv6 address" is now deprecated because the
   current IPv6 transition mechanisms no longer use these addresses.
   New or updated implementations are not required to support this
   address type.

2.5.5.2.  IPv4-Mapped IPv6 Address

   A second type of IPv6 address that holds an embedded IPv4 address is
   defined.  This address type is used to represent the addresses of
   IPv4 nodes as IPv6 addresses.  The format of the "IPv4-mapped IPv6
   address" is as follows:
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   |                80 bits               | 16 |      32 bits        |
   +--------------------------------------+--------------------------+
   |0000..............................0000|FFFF|    IPv4 address     |
   +--------------------------------------+----+---------------------+

   See [RFC4038] for background on the usage of the "IPv4-mapped IPv6
   address".

2.5.6.  Link-Local IPv6 Unicast Addresses

   Link-Local addresses are for use on a single link.  Link-Local
   addresses have the following format:

   |   10     |
   |  bits    |         54 bits         |          64 bits           |
   +----------+-------------------------+----------------------------+
   |1111111010|           0             |       interface ID         |
   +----------+-------------------------+----------------------------+

   Link-Local addresses are designed to be used for addressing on a
   single link for purposes such as automatic address configuration,
   neighbor discovery, or when no routers are present.

   Routers must not forward any packets with Link-Local source or
   destination addresses to other links.

2.5.7.  Site-Local IPv6 Unicast Addresses

   Site-Local addresses were originally designed to be used for
   addressing inside of a site without the need for a global prefix.
   Site-local addresses are now deprecated as defined in [SLDEP].

   Site-Local addresses have the following format:

   |   10     |
   |  bits    |         54 bits         |         64 bits            |
   +----------+-------------------------+----------------------------+
   |1111111011|        subnet ID        |       interface ID         |
   +----------+-------------------------+----------------------------+

   The special behavior of this prefix defined in [RFC3513] must no
   longer be supported in new implementations (i.e., new implementations
   must treat this prefix as Global Unicast).

   Existing implementations and deployments may continue to use this
   prefix.
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2.6.  Anycast Addresses

   An IPv6 anycast address is an address that is assigned to more than
   one interface (typically belonging to different nodes), with the
   property that a packet sent to an anycast address is routed to the
   "nearest" interface having that address, according to the routing
   protocols’ measure of distance.

   Anycast addresses are allocated from the unicast address space, using
   any of the defined unicast address formats.  Thus, anycast addresses
   are syntactically indistinguishable from unicast addresses.  When a
   unicast address is assigned to more than one interface, thus turning
   it into an anycast address, the nodes to which the address is
   assigned must be explicitly configured to know that it is an anycast
   address.

   For any assigned anycast address, there is a longest prefix P of that
   address that identifies the topological region in which all
   interfaces belonging to that anycast address reside.  Within the
   region identified by P, the anycast address must be maintained as a
   separate entry in the routing system (commonly referred to as a "host
   route"); outside the region identified by P, the anycast address may
   be aggregated into the routing entry for prefix P.

   Note that in the worst case, the prefix P of an anycast set may be
   the null prefix, i.e., the members of the set may have no topological
   locality.  In that case, the anycast address must be maintained as a
   separate routing entry throughout the entire Internet, which presents
   a severe scaling limit on how many such "global" anycast sets may be
   supported.  Therefore, it is expected that support for global anycast
   sets may be unavailable or very restricted.

   One expected use of anycast addresses is to identify the set of
   routers belonging to an organization providing Internet service.
   Such addresses could be used as intermediate addresses in an IPv6
   Routing header, to cause a packet to be delivered via a particular
   service provider or sequence of service providers.

   Some other possible uses are to identify the set of routers attached
   to a particular subnet, or the set of routers providing entry into a
   particular routing domain.

2.6.1.  Required Anycast Address

   The Subnet-Router anycast address is predefined.  Its format is as
   follows:
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   |                         n bits                 |   128-n bits   |
   +------------------------------------------------+----------------+
   |                   subnet prefix                | 00000000000000 |
   +------------------------------------------------+----------------+

   The "subnet prefix" in an anycast address is the prefix that
   identifies a specific link.  This anycast address is syntactically
   the same as a unicast address for an interface on the link with the
   interface identifier set to zero.

   Packets sent to the Subnet-Router anycast address will be delivered
   to one router on the subnet.  All routers are required to support the
   Subnet-Router anycast addresses for the subnets to which they have
   interfaces.

   The Subnet-Router anycast address is intended to be used for
   applications where a node needs to communicate with any one of the
   set of routers.

2.7.  Multicast Addresses

   An IPv6 multicast address is an identifier for a group of interfaces
   (typically on different nodes).  An interface may belong to any
   number of multicast groups.  Multicast addresses have the following
   format:

   |   8    |  4 |  4 |                  112 bits                   |
   +------ -+----+----+---------------------------------------------+
   |11111111|flgs|scop|                  group ID                   |
   +--------+----+----+---------------------------------------------+

      binary 11111111 at the start of the address identifies the address
      as being a multicast address.

                                    +-+-+-+-+
      flgs is a set of 4 flags:     |0|R|P|T|
                                    +-+-+-+-+

         The high-order flag is reserved, and must be initialized to 0.

         T = 0 indicates a permanently-assigned ("well-known") multicast
         address, assigned by the Internet Assigned Numbers Authority
         (IANA).

         T = 1 indicates a non-permanently-assigned ("transient" or
         "dynamically" assigned) multicast address.
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         The P flag’s definition and usage can be found in [RFC3306].

         The R flag’s definition and usage can be found in [RFC3956].

      scop is a 4-bit multicast scope value used to limit the scope of
      the multicast group.  The values are as follows:

         0  reserved
         1  Interface-Local scope
         2  Link-Local scope
         3  reserved
         4  Admin-Local scope
         5  Site-Local scope
         6  (unassigned)
         7  (unassigned)
         8  Organization-Local scope
         9  (unassigned)
         A  (unassigned)
         B  (unassigned)
         C  (unassigned)
         D  (unassigned)
         E  Global scope
         F  reserved

         Interface-Local scope spans only a single interface on a node
         and is useful only for loopback transmission of multicast.

         Link-Local multicast scope spans the same topological region as
         the corresponding unicast scope.

         Admin-Local scope is the smallest scope that must be
         administratively configured, i.e., not automatically derived
         from physical connectivity or other, non-multicast-related
         configuration.

         Site-Local scope is intended to span a single site.

         Organization-Local scope is intended to span multiple sites
         belonging to a single organization.

         scopes labeled "(unassigned)" are available for administrators
         to define additional multicast regions.

      group ID identifies the multicast group, either permanent or
      transient, within the given scope.  Additional definitions of the
      multicast group ID field structure are provided in [RFC3306].
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   The "meaning" of a permanently-assigned multicast address is
   independent of the scope value.  For example, if the "NTP servers
   group" is assigned a permanent multicast address with a group ID of
   101 (hex), then

      FF01:0:0:0:0:0:0:101 means all NTP servers on the same interface
      (i.e., the same node) as the sender.

      FF02:0:0:0:0:0:0:101 means all NTP servers on the same link as the
      sender.

      FF05:0:0:0:0:0:0:101 means all NTP servers in the same site as the
      sender.

      FF0E:0:0:0:0:0:0:101 means all NTP servers in the Internet.

   Non-permanently-assigned multicast addresses are meaningful only
   within a given scope.  For example, a group identified by the non-
   permanent, site-local multicast address FF15:0:0:0:0:0:0:101 at one
   site bears no relationship to a group using the same address at a
   different site, nor to a non-permanent group using the same group ID
   with a different scope, nor to a permanent group with the same group
   ID.

   Multicast addresses must not be used as source addresses in IPv6
   packets or appear in any Routing header.

   Routers must not forward any multicast packets beyond of the scope
   indicated by the scop field in the destination multicast address.

   Nodes must not originate a packet to a multicast address whose scop
   field contains the reserved value 0; if such a packet is received, it
   must be silently dropped.  Nodes should not originate a packet to a
   multicast address whose scop field contains the reserved value F; if
   such a packet is sent or received, it must be treated the same as
   packets destined to a global (scop E) multicast address.

2.7.1.  Pre-Defined Multicast Addresses

   The following well-known multicast addresses are pre-defined.  The
   group IDs defined in this section are defined for explicit scope
   values.

   Use of these group IDs for any other scope values, with the T flag
   equal to 0, is not allowed.
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      Reserved Multicast Addresses:   FF00:0:0:0:0:0:0:0
                                      FF01:0:0:0:0:0:0:0
                                      FF02:0:0:0:0:0:0:0
                                      FF03:0:0:0:0:0:0:0
                                      FF04:0:0:0:0:0:0:0
                                      FF05:0:0:0:0:0:0:0
                                      FF06:0:0:0:0:0:0:0
                                      FF07:0:0:0:0:0:0:0
                                      FF08:0:0:0:0:0:0:0
                                      FF09:0:0:0:0:0:0:0
                                      FF0A:0:0:0:0:0:0:0
                                      FF0B:0:0:0:0:0:0:0
                                      FF0C:0:0:0:0:0:0:0
                                      FF0D:0:0:0:0:0:0:0
                                      FF0E:0:0:0:0:0:0:0
                                      FF0F:0:0:0:0:0:0:0

   The above multicast addresses are reserved and shall never be
   assigned to any multicast group.

      All Nodes Addresses:    FF01:0:0:0:0:0:0:1
                              FF02:0:0:0:0:0:0:1

   The above multicast addresses identify the group of all IPv6 nodes,
   within scope 1 (interface-local) or 2 (link-local).

      All Routers Addresses:   FF01:0:0:0:0:0:0:2
                               FF02:0:0:0:0:0:0:2
                               FF05:0:0:0:0:0:0:2

   The above multicast addresses identify the group of all IPv6 routers,
   within scope 1 (interface-local), 2 (link-local), or 5 (site-local).

      Solicited-Node Address:  FF02:0:0:0:0:1:FFXX:XXXX

   Solicited-Node multicast address are computed as a function of a
   node’s unicast and anycast addresses.  A Solicited-Node multicast
   address is formed by taking the low-order 24 bits of an address
   (unicast or anycast) and appending those bits to the prefix
   FF02:0:0:0:0:1:FF00::/104 resulting in a multicast address in the
   range

         FF02:0:0:0:0:1:FF00:0000

   to

         FF02:0:0:0:0:1:FFFF:FFFF
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   For example, the Solicited-Node multicast address corresponding to
   the IPv6 address 4037::01:800:200E:8C6C is FF02::1:FF0E:8C6C.  IPv6
   addresses that differ only in the high-order bits (e.g., due to
   multiple high-order prefixes associated with different aggregations)
   will map to the same Solicited-Node address, thereby reducing the
   number of multicast addresses a node must join.

   A node is required to compute and join (on the appropriate interface)
   the associated Solicited-Node multicast addresses for all unicast and
   anycast addresses that have been configured for the node’s interfaces
   (manually or automatically).

2.8.  A Node’s Required Addresses

   A host is required to recognize the following addresses as
   identifying itself:

      o Its required Link-Local address for each interface.

      o Any additional Unicast and Anycast addresses that have been
        configured for the node’s interfaces (manually or
        automatically).

      o The loopback address.

      o The All-Nodes multicast addresses defined in Section 2.7.1.

      o The Solicited-Node multicast address for each of its unicast and
        anycast addresses.

      o Multicast addresses of all other groups to which the node
        belongs.

   A router is required to recognize all addresses that a host is
   required to recognize, plus the following addresses as identifying
   itself:

      o The Subnet-Router Anycast addresses for all interfaces for which
        it is configured to act as a router.

      o All other Anycast addresses with which the router has been
        configured.

      o The All-Routers multicast addresses defined in Section 2.7.1.
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3.  Security Considerations

   IPv6 addressing documents do not have any direct impact on Internet
   infrastructure security.  Authentication of IPv6 packets is defined
   in [AUTH].

4.  IANA Considerations

   The "IPv4-Compatible IPv6 address" is deprecated by this document.
   The IANA should continue to list the address block containing these
   addresses at http://www.iana.org/assignments/ipv6-address-space as
   "Reserved by IETF" and not reassign it for any other purpose.  For
   example:

      0000::/8        Reserved by IETF        [RFC3513]      [1]

   The IANA has added the following note and link to this address block.

      [5]  0000::/96 was previously defined as the "IPv4-Compatible IPv6
           address" prefix.  This definition has been deprecated by RFC

4291.

   The IANA has updated the references for the IPv6 Address Architecture
   in the IANA registries accordingly.
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Appendix A: Creating Modified EUI-64 Format Interface Identifiers

   Depending on the characteristics of a specific link or node, there
   are a number of approaches for creating Modified EUI-64 format
   interface identifiers. This appendix describes some of these
   approaches.

   Links or Nodes with IEEE EUI-64 Identifiers

   The only change needed to transform an IEEE EUI-64 identifier to an
   interface identifier is to invert the "u" (universal/local) bit.  An
   example is a globally unique IEEE EUI-64 identifier of the form:

   |0              1|1              3|3              4|4              6|
   |0              5|6              1|2              7|8              3|
   +----------------+----------------+----------------+----------------+
   |cccccc0gcccccccc|ccccccccmmmmmmmm|mmmmmmmmmmmmmmmm|mmmmmmmmmmmmmmmm|
   +----------------+----------------+----------------+----------------+

   where "c" is the bits of the assigned company_id, "0" is the value of
   the universal/local bit to indicate universal scope, "g" is
   individual/group bit, and "m" is the bits of the manufacturer-
   selected extension identifier.  The IPv6 interface identifier would
   be of the form:

   |0              1|1              3|3              4|4              6|
   |0              5|6              1|2              7|8              3|
   +----------------+----------------+----------------+----------------+
   |cccccc1gcccccccc|ccccccccmmmmmmmm|mmmmmmmmmmmmmmmm|mmmmmmmmmmmmmmmm|
   +----------------+----------------+----------------+----------------+

   The only change is inverting the value of the universal/local bit.

   Links or Nodes with IEEE 802 48-bit MACs

   [EUI64] defines a method to create an IEEE EUI-64 identifier from an
   IEEE 48-bit MAC identifier.  This is to insert two octets, with
   hexadecimal values of 0xFF and 0xFE (see the Note at the end of
   appendix), in the middle of the 48-bit MAC (between the company_id
   and vendor-supplied id).  An example is the 48-bit IEEE MAC with
   Global scope:

   |0              1|1              3|3              4|
   |0              5|6              1|2              7|
   +----------------+----------------+----------------+
   |cccccc0gcccccccc|ccccccccmmmmmmmm|mmmmmmmmmmmmmmmm|
   +----------------+----------------+----------------+
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   where "c" is the bits of the assigned company_id, "0" is the value of
   the universal/local bit to indicate Global scope, "g" is
   individual/group bit, and "m" is the bits of the manufacturer-
   selected extension identifier.  The interface identifier would be of
   the form:

   |0              1|1              3|3              4|4              6|
   |0              5|6              1|2              7|8              3|
   +----------------+----------------+----------------+----------------+
   |cccccc1gcccccccc|cccccccc11111111|11111110mmmmmmmm|mmmmmmmmmmmmmmmm|
   +----------------+----------------+----------------+----------------+

   When IEEE 802 48-bit MAC addresses are available (on an interface or
   a node), an implementation may use them to create interface
   identifiers due to their availability and uniqueness properties.

   Links with Other Kinds of Identifiers

   There are a number of types of links that have link-layer interface
   identifiers other than IEEE EUI-64 or IEEE 802 48-bit MACs.  Examples
   include LocalTalk and Arcnet.  The method to create a Modified EUI-64
   format identifier is to take the link identifier (e.g., the LocalTalk
   8-bit node identifier) and zero fill it to the left.  For example, a
   LocalTalk 8-bit node identifier of hexadecimal value 0x4F results in
   the following interface identifier:

   |0              1|1              3|3              4|4              6|
   |0              5|6              1|2              7|8              3|
   +----------------+----------------+----------------+----------------+
   |0000000000000000|0000000000000000|0000000000000000|0000000001001111|
   +----------------+----------------+----------------+----------------+

   Note that this results in the universal/local bit set to "0" to
   indicate local scope.

   Links without Identifiers

   There are a number of links that do not have any type of built-in
   identifier.  The most common of these are serial links and configured
   tunnels.  Interface identifiers that are unique within a subnet
   prefix must be chosen.

   When no built-in identifier is available on a link, the preferred
   approach is to use a universal interface identifier from another
   interface or one that is assigned to the node itself.  When using
   this approach, no other interface connecting the same node to the
   same subnet prefix may use the same identifier.
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   If there is no universal interface identifier available for use on
   the link, the implementation needs to create a local-scope interface
   identifier.  The only requirement is that it be unique within a
   subnet prefix.  There are many possible approaches to select a
   subnet-prefix-unique interface identifier.  These include the
   following:

      Manual Configuration
      Node Serial Number
      Other Node-Specific Token

   The subnet-prefix-unique interface identifier should be generated in
   a manner such that it does not change after a reboot of a node or if
   interfaces are added or deleted from the node.

   The selection of the appropriate algorithm is link and implementation
   dependent.  The details on forming interface identifiers are defined
   in the appropriate "IPv6 over <link>" specification.  It is strongly
   recommended that a collision detection algorithm be implemented as
   part of any automatic algorithm.

   Note: [EUI-64] actually defines 0xFF and 0xFF as the bits to be
         inserted to create an IEEE EUI-64 identifier from an IEEE MAC-
         48 identifier.  The 0xFF and 0xFE values are used when starting
         with an IEEE EUI-48 identifier.  The incorrect value was used
         in earlier versions of the specification due to a
         misunderstanding about the differences between IEEE MAC-48 and
         EUI-48 identifiers.

         This document purposely continues the use of 0xFF and 0xFE
         because it meets the requirements for IPv6 interface
         identifiers (i.e., that they must be unique on the link), IEEE
         EUI-48 and MAC-48 identifiers are syntactically equivalent, and
         that it doesn’t cause any problems in practice.

Appendix B: Changes from RFC 3513

   The following changes were made from RFC 3513, "IP Version 6
   Addressing Architecture":

    o The restrictions on using IPv6 anycast addresses were removed
      because there is now sufficient experience with the use of anycast
      addresses, the issues are not specific to IPv6, and the GROW
      working group is working in this area.

    o Deprecated the Site-Local unicast prefix.  Changes include the
      following:
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       - Removed Site-Local from special list of prefixes in Section
2.4.

       - Split section titled "Local-use IPv6 Unicast Addresses" into
         two sections, "Link-Local IPv6 Unicast Addresses" and "Site-
         Local IPv6 Unicast Addresses".

       - Added text to new section describing Site-Local deprecation.

    o Changes to resolve issues raised in IAB response to Robert Elz
      appeal.  Changes include the following:

       - Added clarification to Section 2.5 that nodes should make no
         assumptions about the structure of an IPv6 address.

       - Changed the text in Section 2.5.1 and Appendix A to refer to
         the Modified EUI-64 format interface identifiers with the "u"
         bit set to one (1) as universal.

       - Added clarification to Section 2.5.1 that IPv6 nodes are not
         required to validate that interface identifiers created in
         Modified EUI-64 format with the "u" bit set to one are unique.

    o Changed the reference indicated in Section 2.5.4 "Global Unicast
      Addresses" to RFC 3587.

    o Removed mention of NSAP addresses in examples.

    o Clarified that the "x" in the textual representation can be one to
      four digits.

    o Deprecated the "IPv6 Compatible Address" because it is not being
      used in the IPv6 transition mechanisms.

    o Added the "R" and "P" flags to Section 2.7 on multicast addresses,
      and pointers to the documents that define them.

    o Editorial changes.
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5 HEVC  

1

1.1  

HEVC  

1.2  

HEVC

1.3  

1.3.1  

(1) Rec. ITU-T H.265 (2018) | ISO/IEC 23008-2:2017 - Information technology -- High efficiency

coding and media delivery in heterogeneous environments -- Part 2: High efficiency video

coding HEVC

(2) Rec. ITU-T H.222.0 (2017) | ISO/IEC 13818-1:2018 - Information technology -- Generic

coding of moving pictures and associated audio information: Systems MPEG-2

Systems

(3) ISO/IEC 23008-1:2017 - Information technology -- High efficiency coding and media delivery

in heterogeneous environments -- Part 1: MPEG media transport (MMT) MMT

(4) ARIB STD-B60 1.11 (2018) MMT

1.4  

1.4.1 HEVC  

AU  Access Unit 

AUD  AU Delimiter 

BLA  Broken Link Access 

CABAC Context-based Adaptive Binary Arithmetic Coding 

CB  Coding Block 

CBR  Constant Bit Rate 
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CRA  Clean Random Access 

CPB  Coded Picture Buffer 

CTB  Coding Tree Block 

CTU  Coding Tree Unit 

CU  Coding Unit 

CVS  Coded Video Sequence 

DCT  Discrete Cosine Transform 

DPB  Decoded Picture Buffer 

DST  Discrete Sine Transform 

EOB  End of Bitstream 

EOS  End of Sequence 

HRD  Hypothetical Reference Decoder 

IDR  Instantaneous Decoding Refresh 

IRAP  Intra Random Access Point 

LP  Leading Picture 

NAL  Network Abstraction Layer 

NALU  NAL Unit 

PB  Prediction Block 

POC  Picture Order Count 

PPS  Picture Parameter Set 

PU  Prediction Unit 

RADL  Random Access Decodable Leading 

RASL  Random Access Skipped Leading 

RBSP  Raw Byte Sequence Payload 

RPS  Reference Picture Set 

SAO  Sample Adaptive Offset 

SEI  Supplemental Enhancement Information 

SOP  Structure of Pictures 

SPS  Sequence Parameter Set 

STSA  Step-wise Temporal Sub-layer Access 

TB  Transform Block 

TP  Trailing Picture 

TSA  Temporal Sub-layer Access 

TU  Transform Unit 

VBR  Variable Bit Rate 
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VCL  Video Coding Layer 

VPS  Video Parameter Set 

VUI  Video Usability Information 

WPP  Wavefront Parallel Processing 

 

1.4.2 MPEG-2 Systems

CA  Conditional Access 

CAT  Conditional Access Table 

DTS  Decoding Time-Stamp 

ECM  Entitlement Control Message 

EMM  Entitlement Management Message 

ES  Elementary Stream 

GOP  Group of Pictures 

NIT  Network Information Table 

PAT  Program Association Table 

PES  Packetized Elementary Stream 

PID  Packet Identifier 

PMT  Program Map Table 

PSI  Program Specific Information 

PTS  Presentation Time-Stamp 

TS  Transport Stream 

TMCC Transmission & Multiplexing Configuration Control 

 

1.4.3 MMT

AIT  Application Information Table 

AMT  Address Map Table 

AL-FEC Application Layer Forward Error Correction 

BIT  Broadcaster Information Table 

CA  Conditional Access 

CDT  Common Data Table 

CRI  Clock Relation Information 

CRID  Content Reference Identifier 

DCI  Device Capability Information 

ECM  Entitlement Control Message 

EIT  Event Information Table 
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EMM  Entitlement Management Control 

GFD  Generic File Delivery 

HRBM Hypothetical Receiver Buffer Model 

LCT  Layout Configuration Table 

LDT  Linked Description Table 

MFU  Media Fragment Unit 

MMT  MPEG Media Transport 

MMTP MMT Protocol 
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(20, 5) 0x1405  

FEC FEC FEC_mode

loop FEC

FEC FEC FEC_mode

 

 

7.1.1.4 FEC ON/OFF 

FEC ON/OFF

 

FEC OFF

FEC_mode 0 FEC OFF FEC

 

 

7.1.1.5 Pro-MPEG FEC  

(1) Pro-MPEG FEC RTP  
Pro-MPEG FEC RTP 5.2.2.3

 

padding (P) : 0  
extension (X) : 0  
CSRC count (CC) : 0  
marker (M) : 0  

FEC 0

FEC  

FEC RTP SSRC SSRC
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(2) Pro-MPEG FEC FEC /  
Pro-MPEG FEC FEC  

Pro-MPEG 1D FEC Pro-MPEG 2D FEC RFC2733 FEC

FEC  7-5  

 

 

 7-5 FEC  

FEC  

SNBase low bits(16bits) FEC RTP
16 16

 
Length recovery(16bits):FEC RTP XOR  

         
E(1bit) FEC 1  
PT recovery(7bits) RTP XOR  
Mask(24bits) 0 ( NA ) 
TS recovery(32bits) RTP TimeStamp XOR  
X(1bit) 0 ( ) 
D(1bit) (column)FEC 0 (row)FEC 1  
Type(3bits) XOR 0 (XOR=0, hamming=1, Reed-Solomon=2) 
Index(3bits) XOR 0 ( FEC ) 
Offset(8bits) (column)FEC L

(row)FEC 1  
NA(8bits) (column)FEC D

(row)FEC L  
SNBase ext bits(8bits) 16 MPEG2-TS
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16 0  
 

Pro-MPEG FEC(L×D=10×10)  7-6 Pro-MPEG 1D FEC

FEC FEC (column) FEC

10 Pro-MPEG 2D FEC

(row) FEC 10  

 

 

 7-6 Pro-MPEG FEC FEC  

 

 
Pro-MPEG 1D FEC FEC +2

Pro-MPEG 2D FEC FEC

+4 FEC

Pro-MPEG FEC FEC
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Pro-MPEG FEC Pro-MPEG 1D FEC

D +FEC 1 D+1

1 FEC D

1 Pro-MPEG 2D 

FEC D +FEC 1

L +FEC 1 D L

7.1.1.2 FEC

 7-7

2

 

 

 7-7 Pro-MPEG 2D FEC  

 
C A,B
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2

 

 

(3) Pro-MPEG FEC FEC  
FEC L×D

L FEC SNBase

FEC  

FEC FEC

L×D L

 

 

7.1.2  

IP RF

 

IP

 

ARIB STD-B24

TS (188 ) 4 27MHz

TS(TTS)  

IP TTS 27MHz

TS PCR TTS

TTS FIFO

27MHz

FIFO TTS

 

TTS  7-8  
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 7-8  
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IP  
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7.12 IP  
IP IP

x y

 
 

T – x*T – y < t < T + x*T + y 
 

T: [hour] 
2 TTS

 
t: T IP

 
T

 
x: IP [ms/hour]

 
PCR system clock 108
 

y: [ms]  

100
300

 
 

IP PCR
 

1 3125KB
25Mbps ( 50ms 157KB

50ms  
TS 18Mbps ProMPEG 2D FEC
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 7-3 IP

TTS

 

 

 7-3  IP  

 

7.13 ES  
IP IP 2

ES 9.2

 
PAT PMT

 

( ) 
IP  

RTP  

1  TTS  

T(0) TTS(a1) – TTS(an) 2  

  

T(1) TTS(b1) – TTS(bn) 

  

TTS(bn)  TTS(a1) T(ab)[hour]  
T(ab) – 108*T(ab) – y< T(1) – T(0) < T(ab) +108*T(ab) + y 

 

1

 

2 RTP TTS  




